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CHAPTER 1 


Radio Wave Propagation 


There are a number of study manuals available on advanced 
amateur licensing, manuals which simply list the specific 
questions and specific answers. A guide of this sort is fine 
if all you want to do is memorize enough answers to get by. 
We think, though, that the whole idea of re-structuring the 
ranks of ham radio wastoimprove the general level of tech- 
nical knowledge. Memorization won't do that—understanding 
is required. 

In the following chapters we've splitthe 51 "study questions" 
released by the FCC for the Advanced Class exam into 10 
groups, each dealing with one or more general subjects. 
These subjects are explored in sufficient detail to provide all 
the technical knowledge necessary not only to answer the spe- 
cific study questions, butto make use of their content for any 
purpose you desire. Wedon't give you an answer to memor- 
ize. Rather, we show you how to figure out the answer for 
yourself. You can then handle any question on the subject. 

Our choice of questions to be discussed on any single sub- 
jectis based on the general information covered by the ques- 
tion rather than on its numeric order in the study lists. How- 
ever, we'reincludingits number as well, so you can relate 
the material to the original list if you like. 

Radio Wave Propagation is covered by the following five 

questions from the study list: 
6. What factors affect the state of ionization of the atmos- 

phere? 

14. Define maximum usable frequency. 

35. What is meant by describing a radio wave as hori- 
zontally or vertically polarized? Which type is most 
suitable for sky and groundwave propagation ? 


36. Which amateur band is the most usable for daytime 
communication over a distance of about 200 miles? 

47. How does the sunspot cycle affect wave propagation? 
What are the best frequencies to use for day and night, 
short- and long-distance communications during the 
cycle? 

Let's substitute a group of general questions for these speci- 
fic ones, andlookfor the answers to our new group of general 
questions. If we find the answers we're looking for, then 
they should include the answers to these five specific questions 
—and much more. 


Before we can say much about the propagation ofa radio wave, 
we need to know what a radio wave amounts to in the first 
place. Therefore, our first general question becomes 'What 
is a radio wave?" The second follows immediately, since 
our subject is the propagation of this wave: ''How does a 
radio wave propagate ?'' ormorecompactly, "What is propa- 
gation?" 


All five specific questions deal in some manner with the 
relation between the "ionization of theatmosphere" and radio 
wave propagation. That phrase "ionization of the atmosphere" 
is a bit repugnant to physicists, since the ionization layers 
are generally considered to be rather far above the atmos- 
phere. The more common name for the layers about which 
we're going to talk is "ionosphere," and our third general 
question then becomes "What is the ionosphere?" while the 
fourth follows directly, ''How does the ionosphere relate to 
radio wave propagation?" The fifth of our general questions 
is alsoimplicitin the third but is not quite soclearly related: 
"Whatisthe relation between the ionosphere and the sunspot 
cycle?'", or more generally 'How does the sun affect the 
ionosphere ?"' 


We'll move ahead only after warning youthatifanyone could 
give absolutely accurate anddefinitive answers for these five 
general questions, he wouldbe a greater genius than Newton 
and Einstein together. Any one ofour general questions leads 
directly to the core of all science—the question ''What is 
existence ?'' However, we'll shy clear of any attempt to 
reach exact details, and explore the: questions only as 
deeply as necessary to obtain knowledge which works. 
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‘WHAT IS A RADIO WAVE? 


Nobody has ever seenaradiowave, nor cananyone describe 
sucha thingexcept by means of complex mathematical ex- 
pressions which serve primarily to obscure the fact that no 
one knows whatawaveis, or even if it exists. For our pur- 
poses, fortunately, we candescribe a wave accurately enough 
by saying that it is a pair of crossed electric and magnetic 
fields, in motion from somewhere to somewhere else. 

This naturally leads to the question''What is a field?", and 
if youaskaphysicist you may lead rapidly to the feeling that 
It is just another name for half of a wave. While in the 
strictest sense this is true—a field cannot be measured ex- 
cept by the effects of the waves of which it is a part—you 
can visualize both electric and magnetic fields accurately 
enough for almost all ham radio purposes by thinking of 
charged capacitors and bar magnets. 

A charged capacitor contains a trapped electric field. Ima- 
gine that the capacitor is perfect—no leakage—and it's not 
too difficult to realize that, once charged, it will retain that 
charge indefinitely. Unfortunately, the charge isn't of much 
use so longasit's being held by the capacitor; it can only do 
work for us if it's in motion. The HV filter capacitors in 
your power supply are perfectly safe—until you touch their 
terminals. Then they bite, as the trapped charge rushes 
out—cooking your fingers (and maybe you as well) on the 
way. Similarly, a bar magnet contains a trapped magnetic 
field. A really good magnet will hold its magnetism almost 
indefinitely, just as a good capacitor will hold its charge. 
Like the charge in the capacitor, the magnetism of a magnet 
doesn't do much until it reacts with something else. 

Both these examples provide images of "'static' fields, 
which is simply physics-ese for fields which aren't going 
anyplace. While it's difficult to get much of a visual picture 
of a static electric field, youcan see the general appearance 
of a static magnetic field by placing a magnet under a sheet 
of paper and sprinkling iron or steel filings on top. The fil- 
ings alignthemselves with the field, something like the pat- 
tern shown in Fig. 1-1. The exact pattern depends upon the 
field ofyour own magnet, andthis depends upon the magnet's 
shape. 


Figo 1-1. Pattern made by iron filings sprinkled on paper 
atop a horseshoe magnet illustrates a magnetic field. 
Electric field is similar but not so readily illustrated. 


Magnetic and electric fields are similar to each other in 
many ways; so similar, in fact, that many physicists believe 
they are simply two effects of the same (unknown as yet) 
basic cause. A fact lending strength to this belief is that 
either of them, when it moves, isimmediately accompanied 
by the other. You can prove this if you like by charging a 
capacitor to get a static electric field, then winding a small 
coil of wire around a pocket compass. Connect one end of 
the coil to one terminal of the capacitor and then, while 
watching the compass, complete the circuit with the other 
end of the coil. As the static electric field moves along the 
wire, youwill see the compass needle kick; the only kind of 
field which can affect the compass, however, is magnetic. 
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If we have a clear enough picture of what static fields are 
like, and are willing to accept the idea that each of them 
carries the other along when it moves, we're ready to take 
a look at a wave. Fig. 1-2 showsa highly simplified version 
ofone way toimagineawave. Thesolid curve, which repre- 
sents a sine wave in the vertically-aligned plane, corresponds 
to the intensity and direction of the electric field at any in- 
stant. The dotted curve, which represents a sine wave in 
the horizontally-aligned-plane, corresponds to the intensity 


and direction of the magnetic field. 

Whilea field's intensity can vary at any rate, not just asa 
sine wave, the only kind we're interested in is a sine wave. 
The important things about Fig. 1-2 are that the electric 
fieldis represented by a curve in just one plane and that the 
magnetic field is represented by a curve in a second plane 
which is at right angles to the first. This doesn't mean at 
all that the fields themselves look anything like this sketch 
—yjust that the ideas shown in the sketch have turned out to 
be useful in predicting how a field is going to affect anything 
it happens to meet! 

One more thing is most important: When the electric field 
intensity is zero, the magnetic field is at its strongest, and 
vice versa. Another way of putting this is to say that the 
electric and magnetic fields are 90 degrees out of phase with 
each other. Thisisthe characteristic of any wave in motion. 


Figo 1-2. Illustration of one way to think ofa radio 
wave. Solid line represents electric field, dotted is 


magnetico 


Fig. 1-3. Same radio wave as shown in Fig. 1-2, rotated 
90° clockwise to change polarization from vertical to 
horizontal. The relationship of the fields remains the 
sameo 


With the relationship shown in Fig. 1-2, the wave is moving 
from lower left toward the upper right, or away from us. 

To generate such a wave, we could use a half-wave dipole 
antenna. For such an antenna the electric field would be in 
the same plane as the antenna elements. Thus, the wave 
shown in Fig. 1-2 is a vertically-polarized wave since its 
electric field is in the vertical plane. 

This business of "polarization" is relatively simple if you 
just keep in mind that "polarization" refers to the plane of 
the electric field, and that with conventional wiring or tubing 
antennas the wire or tubing of the antenna is always in the 
plane of the electric field. 

To make a horizontally-polarized wave out of our sample, 
allwe need to do to it is rotate it a quarter-turn to the right 
as shown in Fig. 1-3. Now the electric-field plane is hori- 
zontal and the magnetic is vertical, but the relative phase 
of the electric and magnetic fields has not been altered. 

There's justone more point we need to look at to complete 
our examination of the radio wave itself before we go on to 
our second general question. That point is the manner in 
which the energy transfers from magnetic to electric field 
and vice versa as the wave travels. 

First think back to our capacitor-and-magnet picture of 
static fields. Then replace the magnet witha coil, which 
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concentrates the moving magnetic field into a fairly good 
imitationofa static field for short periods of time. Connect 
the coil and capacitor together as shown in Fig. 1-4 and we 
have a resonant circuit. In this resonant circuit, any energy 
originally put into the circuit is first stored in the capacitor 
as an electric field, then flows back through the coil which 
stores it as a magnetic field, and so forth until the energy 
all leaks out. 


The same thing happens withour radio wave in motion; that's 
why the electric and magnetic fields have to be 90 degrees 
out of phase with each other for the wave to travel. When 
the electric field intensity is zero, the magnetic field is at 
maximum. As the magnetic field starts to decrease in inten- 
sity, the electric field intensity starts to climb. When the 
magnetic field reaches zero, the electric field intensity is 
maximum, 

Remember that there's only so much energy bound up in 
this pair of fields, and the criss-cross from magnetic to 
electric field and back makes a little more sense. At any 
one instant, the total energy in the wave remains constant. 
Whatever of this totalis not in one of the fieldsisinthe other. 
Fig. 1-5 shows this effect. Students of physics or mathema- 


Figo 14-4. The familiar resonant circuit, consisting of 
coil and capacitor, is one example of an energy swap be- 
tween a magnetic field (of coil) and an electric field (in 
capacitor). Radio wave is similar, but fields are dis- 
tributed throughout space rather than being concentrated 
by coil and capacitor. 
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Figo 1-5. This corkscrew pattern shows a swap of energy 
from the magnetic-field plane (horizontal here) to the 
electric-field plane (vertical) as the wave travels through 
spaceo Each radio wave contains an infinite number of such 
swapping fields, forming an ever-expanding spherec 


tics might want to call the lines with arrowheads on them in 
this drawing ''vectors,'' but that's not what they actually are. 
They're just lines with arrowheads indicating the direction of 
the lines. Thelinesinthe E and Hplanes (Figs. 1-2 and 1-3) 
give an indication of the fact that the energy in the wave is 
always the same, while the corkscrew solid line (Fig. 1-5), 
traces the tip of this energy total at every point in the wave 
shown. The dotted line, where the E and H planes cross, 
indicates the apparent location of the ''center" of the wave 
as it travels. 

All of this explanation is greatly simplified, because in 
practice we don't deal with just one wave. We have an infin- 
ite number: of them, all overlapping each other, and every 
time one of the ''center" lines happens to hit either a conduc- 
tor or an insulator awhole new infinity of "scattered" waves 
is the result. For practical purposes, however, you now 
have as accurate a picture of a radio wave as you're ever 
likely to need—and more than enough for the license examina- 
tions. 


WHAT IS PROPAGATION ? 


A few paragraphs back when we were looking at the contin- 
ual swap of energy from the magnetic to the electric field 
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of a wave and back again, we were actually looking at the 
answer to this question. Since the wave itself actually con- 
sists of the effects of the two crossed fields, and its motion 
comes about by the swap of energy between one and the other, 
the energy swap itself provides the mechanism for propaga~ 
tion. To get it all started, however, we must get the fields 
going in the first place. To do this, we normally need some 
type of antenna. 


Amazingas it may seem, an antenna is merely a conduct- 
ing surface which is large incomparison with the wavelength 
involved. Wavelength, incidentally, is the actual distance 
along the centerline or "ray" of the wave from one peak or 
null in field intensity to the next similar peak or null. Fre- 
quency, on the other hand, is the number of such peaks or 
nulls which pass a specific pointina specific period of time 
(usually one second). Frequency and wavelength are related 
only by the speed with which the wave travels. Since in most 
cases waves travel at very nearly the speed of light, the 
familiar conversion formula (wave-length equals the speed 
of light/frequency) works. If the wave is going slower or 
faster, though, it won't. 


On such a conducting surface, any change in electric field 
strength (voltage) or magnetic field strength (the results of 
current) atone point won't be reflected instantly at all other 
points but must travel along the surface. This means thata 
sudden change from no voltage to high voltage at the feed- 
point of a half-wave dipole antenna won't change the voltage 
at the ends instantly. (See Fig. 1-6) The voltage change 
travels from the center toward each end. If one conductor 
has gone positive and the other negative, the positive voltage 
point will be traveling out along one half of the antenna while 
the negative point will be traveling out along the other. Be- 
tween these two points will be an electric field, and since 
we know that the voltage will eventually reach the tips of the 
antenna, this field must be in motion. 


In fact, the field is approximately a sphere in this case 
and is expanding likea toy balloon being blown up. But when- 
ever a field of one kind moves, one of the other kind immedi- 
ately accompanies it. Although we apparently did nothing to 
cause it, a magnetic fieldisalso in motion around our antenna. 
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Fig. 1-6. Various steps in the propagation of a radio 
wave from an antenna are shown here. At the top, no fields 
exist around the antenna because the switch is open. When 
the switch is closed, the points of strongest electric 
fields begin traveling towards the ends of the antenna. 
Solid lines show the electric field intemsity and the dotted 
lines represent accompanying magnetic fields. Magnetic 
field lines which sweep off ends of antenna radiate outward 


into space. Each cycle of RF generates a new maximum-field 
condition which radiates. 


Actually, we did do something to cause this magnetic field. 
As the voltage change moves outward toward the tips of the 
antenna, current must flow right along with it. The early 
experimenters weren't very far off base when they spoke of 
the "charging current" or thought oftheir antennas as large 
capacitors. Thiscurrent is intimately related to the magnetic 
fieldinthe same manner that chickens and eggs are related; 
it makes little difference which causes which so long as we 
admit that we can't have one without the other. 

When the voltage change reaches the tips of the antenna, it 
has no place else to go. This halts the current flow and re- 
duces the magnetic-fieldintensity to zero. However, at this 
instant the electric field reaches its greatest intensity, since 
the positive and negative points are at their greatest physical 
separation. This produces the 90-degree-out-of-phase con- 
dition required toimpart motion toa wave; up until this time, 
we have had only a pair of fields changing in intensity. 

Alltheenergyis stored up in the electric field atthis point; 
something else must now happen, and it does so. The elec- 
tric field can be thought of asa sort of "stretched space!’ 
which is being stretched by the energy, and with no more 
push behind it, it begins to collapse. « This causes the volt- 
age-change points to turn about and rush back down the ele- 
ments toward the feed point. Since they are now going in the 
opposite direction, the accompanying magnetic field is re- 
versed in polarity. When the voltage-change points each 
reach the feed point, the electric field is at minimum in- 
tensity. All of the energy which it contained has now been 
transferred to the accompanying magnetic field. 

Remember that everything we've mentioned so far has been 
onthe assumption that we simply changed the feed-point volt- 
age suddenly from zero to a high value. If we hold this high 
value at the feedpoint, the voltage change points will go out 
to the end and bounce back as described, and this will con- 
tinue several times until the ends of the wires have assumed 
a "steady-state"! voltage. If you don't think DC can do such 
things, pull a spark from a 6-volt battery while listening to 
your receiver. You'll hear the "nop" of the waves that are 
generated by eachspark, andit's this same process at work. 
You can get an even better demonstration from a mobile rig 
without noise suppression! 
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TOO LONG (FREQ TOO HIGH) 


Figo 1-7. For most efficient propagation of radio wave, 
antenna’s length must be matched to operating frequency. 
At top, antenna is too short (or frequency too low) and 
reflected electric field is out of phase with driving en- 
ergy. Part of driving energy is cancelled. At bottom, 
antenna is too long (or frequency too high) and the same 
thing happens with opposite phasing. When antenna length 
is correct for frequency in use, center, reflected and 
driving fields are in proper phase and all energy goes 
outward, 


But if we feed this same antenna with RF voltage and adjust 
the antenna length so that each time the electric-field refer- 
ence points reflect back to the feedpoint, they find a new 
"push" of just the right voltage and polarity awaiting them, 
then we have an oscillating pair of magnetic and electric 
fields around the antenna. In more conventional language, 
we have set up a ''standing wave"' on the antenna. During 
each cycle of RF, this standing wave launches an infinite 
number of traveling radio waves out into space. (See Fig. 
1-7). 

Eachtiny part of the antenna conductor acts like a separate 
antenna, andeach radiates its traveling waves equally in all 
directions. In some directions, however, the traveling 
waves from the various parts of the antenna have phase rela- 
tionships which cause them to cancel each other, while in 
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other directions the phase relationships cause them to 
strengthen each other. This gives rise to antenna directivity 
patterns, but that's part of a different chapter. What we're 
looking at right now is simply the means by which radio waves 
propagate. 

Once launched into space, each "ray'' of the radio wave 
cannot be forgotten. It still owesits existence to the crossed 
magnetic and electric fields, and its motion to their phase 
relationships. But if the ray encounters another conducting 
element—such as a receiving antenna or merely a piece of 
wire—which happens to be aligned in the same plane as the 
ray's electric field, the voltage difference whichis the charac- 
teristic feature of that electric field will be shorted out. And 
in the process, a current is induced in the conductor. 

The shorting out of the electric field and the resulting col- 
lapse ofthe accompanying magnetic field brings that particu- 
lar ray to its end. However, the current flow in the conduc- 
tor immediately gives birth to a new sphere of rays, each 
indistinguishable from the old except for the fact that the orig- 
inal total energy is split equally among all the new rays or 
waves. Those new rays which happen to be going in the same 
direction as the original carry onits travel; some of the new 
ones, however, go off in new directions, and at least some 
head back for their original starting point. 

If the conductor is a receiving antenna or other structure 
comparable in size to a wavelength, the same directional 
qualities already mentioned for transmitting antennas are 
present. However, since each individual ray is infinitesim- 
ally small (no matter how you spell it, that's mighty small; 
a single electron bears approximately the same size ratio 
to an infinitesimal as does the rest of the universe to that 
electron!) its electric field can get shorted out by some most 
minute particles—such as atoms which are temporarily de- 
prived of one of their electrons. 

The important point about the preceding four paragraphs, 
so faras the exam questions are concerned, is that the con- 
ductor must be aligned with the plane of the electric field 
of the wave. And the electric field, as we saw earlier, is 
what determines polarization. 

Although it has nothing todowith the study questions we're 
examining here, this alsoexplains why vertical antennas and 
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metallic masts interact with each other; the metallic mast 
shorts out part of the electric field from the radiated waves, 
and re-radiates in a somewhat unpredicatable manner. 

As we all know, the earth is aconductor of sorts. For this 
reason, horizontally-polarized waves (those with their elec- 
tric fields inthe horizontal plane) interact withthe earth more 
than do vertically polarized waves. This is one of many rea- 
sons why most broadcast stations (of the BCB variety) use 
vertical polarization. Theinteraction between earth and the 
horizontal waves tends to reflect the waves upward at approxi- 
mately line-of-sight distances; vertically-polarized waves, 
on the other hand suffer no such reflection. (See Fig. 1-8.) 
In fact, they evenappear to "hug" the earth's surface, form- 
ing what is known to antenna engineers as a groundwave,"' 
This is not at all the same as our normal usage of those 
words; the technical "groundwave" actually depends upon 
conduction through the earth for its electric-field return 
path. Waves whichdo not interact with either the earth sur- 
face or the ionized layers during their transit from trans- 
mitter to receiver are known as "space waves,'' while those 
which are bounced off the ionosphere are called ''sky waves."' 
Which brings us rather directly to the next question. 


WHAT IS THE IONOSPHERE? 


The ionosphere has many names; the FCC study questions 
use the phrase "state of ionization of the atmosphere" and 
many persons know it as the ''Kennelley-Heaviside layer." 
Most of us know it best by the alphabetical designations as- 
signed to the various layers: D, E, Fl, and F2. (See Fig. 
1-9). Before we go very far into what this thing is, let's 
pause and examine an ion itself. 

An "ion" is simply a free atom of some chemical element 
which is temporarily missing an electron from its outer or 
"valence'' shell. You can make a whole glassful of ions by 
dropping a teasponful of salt into a glass of water and stir- 
ring briskly. As the salt (sodium chloride) dissolves, its 
molecules splitintoions of sodium and chlorine. These , 
in turn, ionize the water itself into hydrogen ions and 
"hydroxyl" ions composed of a single atom each of hydrogen 
and water. 
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If you now drop a pair of wires into the glass and apply some 
direct current, you can measure current flow through the 
ionized solution, as indicated in Fig. 1-10. If, on the other 
hand, you clean out the glass quite thoroughly, then fill it 
with distilled water and again drop in the wires, you may be 
surprised to discover that water by itself is a fairly good 
insulator! What makes moisture so conductive is simply the 
fact that almost anything dissolved inwater results in ioniza- 
tion of the water, and ions are excellent conductors. 

Now for the ionosphere. The earth, of course, is sur- 
rounded by a layer of air known as the atmosphere. If you 
want to be strict about it, you can say that the atmosphere 
extends at least halfway to the moon, and for an equal dis- 
tance in all other directions—but well over 99 percent of it 
is in a layer approximately 50 miles thick around the surface 
of the planet. 

In that never-never land more than 50 miles straight up, 
radiant energy from sunlight, cosmic rays, and many other 
sources is able to knock electrons free from any atoms it 
may happen to hit, and atoms are so scarce up there (it's 
a better vacuum than you'll find in any tube) that it may take 
days for a wandering electron to come along and de-ionize 
the resulting ion. 

As a result, the top surface of the atmospheric layer is in 
a relatively constant state of ionization. On that part facing 
the sun—the part above the daylight regions—the high energy 
of the sun's rays produces ionization at an altitude which is 
fairly low. This ionizationis also rather intense. It is known 
as the "D" layer, and because of its intensity (and many 
other factors) acts as an efficient absorber of radio energy. 

When the sun's light moves away, to other parts of the 
planet, the ions at lower altitudes (where there are more 
atoms and free electrons available) recombine into hnon- 
conducting atoms and the D layer disappears. The recom- 
bination process may take all night, especially if the original 
layer was quite intense, but a definite day-to-night variation 
is cbvious. 

At the higher altitudes, where less material is available 
for recombination, the ionization persists around the clock. 
It appears to .be concentrated in two layers, known as the 
bs Oar Bo eae flay layers, and the F layer additionally appears 
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to move up and down with the clock, giving rise to the "F1" 
and "'F2" names. This is probably due to the different kinds 
of gas atoms present at different altitudes, and to a smaller 
degree to the amount of energy received from the sun and 
other sources such as micrometeorites. 

Since ions are goodelectrical conductors, they affect radio 
waves in the same manner as any other conductor. And 
since the ionized layers appear to cover the planet in the 
same manner as the more familiar atmosphere, they form 
conductors which are always large incomparison with wave- 
length. With these two hints, let's dive a little deeper and 
see specifically how the layers affect radio waves. 


HOW DOES THE IONOSPHERE AFFECT PROPAGATION? 


Several pages back, while examinating how radio waves 
are propagated, we found that a large conductor in the same 
plane as the wave's electric field would cause the original 
wave to beconverted into a new sphereof wavefronts, going 
in all directions, by shorting out the electric field. At that 
time, we didn't go into the effect very deeply. Getting a 
clear grasp of just howit worksisn't the easiest thing in the 
world, because any real radio wave (as opposed to the theoreti- 
cal single rays we've been looking at so far) consists of an 
infinite number of rays which fan out through both space and 
time—and the interaction between this wavefront and a con- 
ductor then depends not only upon the shorting of the electric 
field, but also upon the direction from which the wavefront 
approaches the conductor, the frequency of the wave, the 
excellence of the conductor, anda few more factors even 
more exotic. 

For a first glance, thinkaboutwhat happens when light hits 
any surface. Unlessthe surface happens to be an absolutely 
dead matte black, some of the light is reflected off of it. A 
little of the reflected light goes back toward the source, but 
most goes in other directions. If the surface is smooth 
enough, at certain angles almost all of the light is reflected 
in a new direction and almost none is scattered in any other 
direction. 


The major difference between light and radio waves is the 
frequency and/or wavelengthinvolved; both are electromag- 
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netic radiation. The materials we know as electrical con- 
ductors don't have exactly the right atomic characteristics 
to "short out" light—but virtually all conductors are opaque, 
so you might say that they actually do"'short out" the light 
energy which would otherwise go right through them. And 
similarly, almost all good insulators are transparent. it 
you raise the objection thationized water is a good conductor 
yet is transparent, consider that it is less transparent than 
is distilled water, and also is not as good a conductor as a 
copper or silver bar. 

The ionized layersatthe upper edge of the atmosphere are 
conductors, and frequently have surfaces which are smooth 
in comparison to the wavelengths involved (that's how "fre- 
quency" gets into the act—a surface is considered ''smooth"' 
if its irregularities are small in comparison with the wave- 
lengths involved, and wavelength varies with frequency). 
Under these conditions, radio waves striking these surfaces 
at the proper angles are reflected, just as are light waves 
striking a glossy surface. (See Fig. 1-10.) 

Since the radio waves are of much lower frequency than are 
light waves, the reflection process isn't as abrupt as that 
for light. The wave actually appears to turn, in a gentle 
curve; light waves do so too, but the curve's radius is re- 
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Fig. 1-10. You can prove that "ions® are electrical con- 
ductors with this experiment. If the glass contains ab- 
solutely pure (distilled) water, little or no current will 
flow. Addition of some salt permits the water to ionize 
into sodium (Na), chlorine (C1), hydrogen {H), and hydroxyl 
(Oh) ions, and current then flows freely. 
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Figo. 1-11. “Smoothness* of any surface depends upon the 


size of the measuring stick as shown here. With a short 
measure, A, this surface tilts in various directions and 
so is considered “rough*; with a long measure, B, it is 
level and so “smooth.” This effect is what makes the ion- 
osphere’s action frequency-—dependent, since the measuring 
stick is the length of the radio wave. For short waves, 
the surface is rough and "“scatters* the wave; for longer 
waves, the same surface is smooth and so reflects them. 


lated to wavelength in such a manner that the curve is unde- 
tectably small for light waves, but readily measured when 
radio is involved. 

The major factor which determines whether a wave is re- 
flected in predominantly one direction or scattered in all 
directions is the smoothness of the surface. Keep firmly in 
mind that at any one instant inany one spot above the atmos- 
phere, the actual surface of the ionized layer is constant. 
Its actual''smoothness" or "roughness, ''as you might meas- 
ure with a yardstick or straightedge could you go up there to 
see, would remain the same. But for the radio waves, the 
"smoothness" is measurednotbya yardstick or straightedge 
but by comparison to the wavelength; and wavelengthis tied 
directly to frequency. 

For instance, if the surface had hills and valleys which 
ranged from 3 meters deepto 4 meters high, and were spread 
out in a roughly dimpled pattern withan average of 10 meters 
between adjacent hills or valleys, then for a 10-meter wave 
approaching the surface the going would be rough. The peak- 
to-valley distance would be 7 meters, or 70% of the wave- 
length, and the peak-to-peak distance would be 10 meters, 
or 100%. 

However, a 160-meter wave approaching that same surface 
would find it comparatively smooth; peak-to-valley distance 
would be only 7/160 or about 4% of the wavelength, and peak- 
to peak distance would be 10/160 or a little over 6%. 
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This is the reason that the effect of the ionosphere on propa- 
gation is frequency-dependent. A smoothsurfaceis required 
for reflection, and the smoothness depends upon the frequency 
involved. Forthe sameconditions in the ionosphere, reflec- 
tion is always strongestfor the lowest-frequency waves. As 
frequency rises and wavelength decreases, the effective 
smoothness of the surface becomes less and reflection be- 
comes less and less effective. As frequency continues to 
rise, the wavelength eventually becomes short enough that 
the waves appear to pass right on through, like light going 
through glass. 

This happens first when the waves are going straight up 
and so meet the ionized layers head on; when the waves hit 
an angle, they may still reflect. However, even when the 
waves strike the ionizedlayers at the sharpest possible angle 
(leaving the transmitter and just skimming the horizon), you'll 
eventually reacha frequency at which reflection ceases. The 
highest frequency at which reflection still occurs is known as 
the "maximum usable frequency" or MUF, and will naturally 
vary from minute to minute and hour to hour as the state of 
the ionized layers changes. Formaximum range in DX seek- 
ing, it's best to work as near as you can to the MUF, but 
never right on it (even if it's in the middle of a ham band) 
since youare then subject to rapid and unpredictable fading. 

The frequency at which reflection from straight overhead 
ceases, incidentally, is called the "critical frequency" and 
is used by propagation researchers to determine the MUF. 
Eachof the ionized layers has its own MUF and critical fre- 
quency; the E-layer MUF is about five times the critical 
frequency while the MUF for the F2 layer is about three 
times the critical frequency. These MUF's are for maximum 
possible range, of some 2500 miles for F2 and 1250 miles 
for E-layer. Any paths over greater ranges involve multi- 
ple hops, with two or more skips from ionosphere to earth 
and back between transmitter and receiver. (See Fig. 1-12.) 

About three paragraphs back we noted that reflection is al- 
ways strongest at lower frequencies; however, signals are 
usually better right at the MUF. This apparent contradiction 
is due to the D layer of ionization which normally is present 
only during daylight hours. This layer is so intensely ion- 
ized that it is almost completely opaque tothe lower frequen- 
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Figo 14-12. Critical and maximum usable frequencies for 
both E and F layers are shown here. When the operating 
frequency (f) is above the MUF forthe layer and path, sig- 
nal goes on into outer space without returning to earth. 
Each layer and each path has its own MUF, which varies 
from minute to minute. MUF predications are made by meas- 
uring the critical frequency, at which straight—back re- 
flection occurs. 


cies; only the higher frequencies can survive it to reach the 
effective upper layers. Both the 160 and 80-meter bands 
are wiped out during daylight for ranges beyond 100 miles 
or so by this effect. The 40, 20, 15, and 10 meter bands 
are not so greatly affected. VHF does not suffer atall. 
Therefore, if you want medium-range contacts during day- 
light, your primary choice would be between 40 meters (where 
the critical frequency might permit a straight-up straight- 
down reflection with consequent good coverage) and a VHF 
band such as 50 or 144 MHz (where medium-power and scat- 
ter techniques can give consistent 400-mile range). For 
daytime DX, the highest usable one of the 20, 15, andi0 
meter bands would be preferable, since MUF normally drops 
in the early evening, nighttime DX is usually best on 40, 20, 
and 15. The daytime -nighttime relationshipisn't the only way 
in which the sun affects the ionosphere. Let's continue to 
the last of our questions and look at some other implications. 


HOW DOES THE SUN AFFECT THE IONOSPHERE? 


We've already looked at the means by which the radiant 
energy from the sun ionizes the gases of the upper atmos- 
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phere to form the ionized layers or ionosphere, in terms 
of the 24-hour day-night cycle of Earth's rotation. This is 
not, however, the only effect of the sun. 

While science does not yet know all the reasons why—or 
evenall the details necessary to put its questions accurately 
—it does know that the sun has a "sunspot cycle" of approxi- 
mately 11 years duration. During this 1l-year cycle the 
count of freckles visible on old Sol varies from a minimum 
toa maximum number. The last cycle set all-time records, 
three years running, for high sunspot counts and accompany- 
ing solar activity. In addition to the spots, the sun appears 
to undergo severe magnetic disturbances, and to spray out 
streams of charged particles with extreme energy. 

These "magnetic storms" and "solar flares" occur pre- 
dominantly during periods of high sunspot count; such periods 
appear to be relatively active ones for our nearest star, and 
the minimum-sunspots part of the cycle appears to be the 
quiet time. 

When the sun is active, the solar flares, magnetic storms, 
and less spectacular but still energetic goings-on result in 
additional energyreachingearth, and a consequent increase 
in the ionization of the ionosphere. Thisin turn shows up as 
dramaticincreases in MUF for any given point-to-point radio 
path; during the 1957-58 peaks a number of VHF men worked 
all continents on 50 MHZ by means of F2 skip. which normally 
never gets much above 30 MHz. The increase in ionization 
also hurts by making the D layer stronger and keeping it alive 
longer at night, so that 160 meters is almost unusable at 
any time during the strongest peaks of the cycle. 

The changes inthe D, E, and F layers brought about by 
the sun's changes of activity then modify the frequency recom- 
mendations mentioned in the previous question. Those 
recommendations are based upon ''average'' conditions which 
almost never exist. When the sun is most active, move all 
conditions one band higher. When the sun is most quiet, 
move one band lower in frequency (from 40 to 80, etc.) 
While this isn't precisely the most accurate way to do it, 
the limitations of amateur band assignments prevent any 
more accuracy anyway. 

The sunspot cycle isn't the only thing which changes. As 
our planet moves from winter to summer, the angle at which 
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the sun's energy hits the ionosphere above us also changes 
—and this, too, changes the energy reaching the layers. 
The MUF moves up in the summertime, and down in the 
winter, to almostas great a degreeas it does during the 11- 
year sunspot cycle. To sum up, then, the ionizationis most 
intense, the MUF and critical frequencies highest, and the 
D-layer losses worst for lower frequencies, ona hot sum- 
mer day around noon to early afternoon local time during 
the peak of the sunspot cycle. Conversely, the ionization 
is weakest, the MUF and critical frequencies lowest, and 
the D-layer losses least, between midnight and 5 AM local 
time oncold winter nights during the minimum ofthe sunspot 
cycle. 

When ionization is highest, it's possible to work someone 
halfway around the world on 50 MHz by double-F-skip propa- 
gation (and a few other E skips as well). When ionization is 
lowest, youcan get almost as great adistance on 160 meters. 
In between, you can pick your frequency and power to suit 
the distance and specific directions in which you want to 
work, according to the state of the ionosphere at that time 
(as determined by listening to the various bands and finding 
out who's coming in, from where, at what frequencies), 
and take part in one of the most gigantic games of chance 
ever started! 


28 


CHAPTER 2 
Single Sideband Transmission 


The FCC study list includes questions dealing withSSB which 
we examine here: 


3. What methods are most commonly used to generate single 
sideband signals? Draw a block diagram of the filter method 
showing all essential stages. How can a low-frequency SSB 
signal be converted to the desired transmitting frequency? 
7, Whattypes of emissions can be received with selectable 
sideband receivers. 

8, Theratio of the peak envelope power to the average power 
in a SSB signal is primarily dependent on what? 

25, How can SSB signals be amplified with little or no dis- 
tortion? 

44, How does the peak envelope power input of an amplifier 
used for CW compare to the PEP of an SSB amplifier when 
using the maximum legal DC power? 


Just as wedid in Chapter 1, let's re-phrase those five specific 
questions into five more general questions which include the 
original ones as well as most of the possible variations. 

Perhaps a bit obvious, but still the best starting place, is 
the question "What are sidebands?'"' Next in line comes the 
more specific one which fences in our subject matter: "What 
is meant by "single sideband" signals?" 

Once we are resonably sure we understand what an SSB signal 
is, we're ready to ask'"'How are SSB signals generated?" By 
this time we will have definite answers for Questions 3, 8, and 
44, Two more questions—"How is SSB transmitted?" and 
"How is SSB received?"'—will wrap the subject up neatly. 

At the beginning it must be emphasized that the discussion 
here is not intended to be exhaustive in detail; many times 
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the available space would be required for that. It will, how- 
ever, more than suffice for the examinations—and, ifyou're 
interested, will set you off onthe track of those not-yet-fully- 
answered exhaustive questions. 


WHAT ARE SIDEBANDS? 


Before we can beginto answer this question, we must define 
several other terms— such as "audio." Any thing our ears 
can perceive comes to us as sound waves in air at an audio 
frequency. These sound (pressure) waves correspond to elec- 
trical waveforms ofthe same relative intensities and absolute 
frequencies. An electrical sinewave applied to a loudspeaker 
produces a "pure" audio tone. 

Most sounds are not sine waves of air pressure, and sotheir 
corresponding electrical waveforms are not sine waves either. 
A somewhat advanced mathematical theory says, however, 
that any waveform which is not a sine wave can be proved tobe 
identical with one composed of many different sine waves. 
Because of this, andthe fact that it's not hard to deal with sine 
waves mathematically but next to impossible to deal with any 
other representation of the waveforms of sound, communica- 
tions engineers for several generations have spoken of sound 
interms of the band of sine waves represented in the Fourier 
equivalent of the actual sound waveform. 

The audio-frequency band, for most adults, ranges from a 
low end between 15 and 50 Hz to a high end between 10 and 20 
kHz. Most of the actual sound energy is concentrated in the 
frequencies below 1 kHz. More than 20 years ago, re- 
searchers in acoustics discovered that speech could be trans- 
mitted accurately within a band ranging from 300 to 3000 Hz; 
this is now considered the 'normal" speech bandwidth. 

Radiotelephone transmissions of any type, however, do not 
try to transmit these audio-frequency waveforms directly. 
While such waves can be propagated with huge antennas and 
megawatts of power, the process is neither efficient nor 
practical. All phone operation is accomplished by trans- 
lating the audio band up tothe desired spot in the RF spectrum 
for transmission and bringing it back downto audio frequencies 
for the benefit of the receiving operator. This is accomplished 
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by the "mixing" process which is also the heart of a superhet 
receiver. 

What is "mixing"? Whentwo electrical waveforms of different 
frequencies are applied toany circuit which is not completely 
free of distortion, more thantwowaveformscomeout. Among 
the 'new'' waveforms which emerge is one which represents. 
the sum of the original frequencies and another which repre- 
sents their difference. A good mixer will have no other out- 
puts; a poor one, or a circuit in which mixing is only inci- 
dental, will have many others, including harmonics of each 
of the original signals and of each of the outputs, as well as 
the sum and difference products between each pair of outputs 
taken separately. If you imagine this as being quite a mess, 
you are absolutely correct. 


If one of theoriginal waveforms were inthe RF region and the 
other was a pure sine wave of audio, the''sum" will be a new 
radio frequency above the original RF by the frequency of the 
original audio, and the''difference" will bea second new radio 
frequency whichis below the original RF by the same amount, 
These are knownas "'side frequencies" since they are alongside 
the original RF in the spectrum. 

If the audio input to the mixer, however, werea "band" type 
of signal rather thana sine wave, then the ''sum" and "differ- 
ence" frequencies will also occupy bands alongside the original 
RF, rather than spot frequency positions. These are ''side- 
bands,"' and every radiotelephone signal must be involved with 
them, since they andthey alone carry the audio information to 
the receiver. Even FM has its sidebands, surprising as that 
may sound. 

At the receiver, the two sidebands and the original RF 
"carrier" are applied to a detector circuit, which is simply 
another type of mixer. The RF sidebands and the RF carrier 
again undergo a mixing process; the difference" in this case 
is a reproduction of the original audio waveform. 

Fig. 2-1 shows the process; it is the same for BCB disc 
jockeys, military communications, FM, AM, DX, or local 
work. In every case, the audio put into the transmitter is 
converted into RF sideband energy, the RF sideband trans- 
mitted to the receiver, the received sideband converted back 
to an audio-frequacy waveform, and the waveform finally 
converted back into sound. 
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WHAT IS MEANT BY ‘‘SINGLE SIDEBAND”’ SIGNALS? 


More than 40 years ago, aningenious engineer withA. T. &T. 
noticed that the mathematical expressions which indicated 
that sidebands existed also showed that the two sidebands which 
accompany every "normal" phone signal were identical in 
every respect but one—their frequency and phase relationship 
tothe original "carrier" signal—and that this one was a simple 
mirror-image relationship. 

From this, he reasoned that it was a sheer waste of power 
to generate and transmit both the carrier andone of the side- 
bands. A single sideband, alone, would convey all the audio. 
It was an ambitious theory, but when it worked as expected, 
in 1927, itproved for the first time that the sidebands actually 
existed, and also established the single-sideband technique 
for radiophone communications. 


For the first20 yearsorso, single sideband was exclusively 
a commercial technique. Getting rid of the carrier and espec- 
ially of the unwanted sideband was a tricky operation; more 
equipment was necessary than most hams could afford in those 
days. The only reasonthe original experiment could succeed 
was the very low transmitting frequency used (below 50 kHz), 
at which antenna resonance alone provided a sufficiently sharp 
filter to reject the unwanted sideband and prevent its radiation. 

However by 1948thetime was ripe, and O, G. Villard (with 
others) put W6YT, theStamford University club station, on the 
air with SSB. Within a few weeks, the new technique had 
caught on nationwide, The '50s saw the battle of the sidebands 
spread across the HF bands, and by the early years of this 
decade SSB was even a standard operating procedure on VHF 
and UHF bands. 

The characteristic of anSSB signal, tuned in on an ordinary 
receiver, isa'Donald Duck" or monkey- chatter sound. This 
results from the total lackofa''carrier" signal against which 
to mix the sideband. Instead, the sideband mixes with its own 
strongest components, or withany nearby carrier that happens 
to lie in the AF region around the sideband itself. 

When a locally-supplied "carrier" from the receiver's BFO 
is provided, however, and the receiver is carefully tuned, 
there is the original audio. If you don't like the tone of the 
other guy's voice, you can move the tuning just a trifle and 
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TRANSMITTED RF (CARRIER AT 3805 kHz) 


Fig. 2-Z. Spectrum views of the original audio band and 
resulting transmitted RF for normal AM (top), DSB, and 
SSB, assuming carrier frequency of 3805 kHz for all three. 
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Fig. 2-3. Effect of receiver mistuning on an SSB signal 
is to shift the pitch of all parts of the signal. 100-Hz 
tuning error, right, makes all parts of the signal 100 Hz 
too high. This is a small error for high-frequency portions 
but a 100-percent error for lows. Result is an almost 
unintelligible signal. With DSB, the result is worse— 
some of the wrong sideband gets into the output. 


shift his voice an octave or more. Figs. 2-2 and 2-3 show 
the spectrum representation of the original audio signal 
(speech), this same audio translated to RF by normal AM, 
as anSSB signal (with the missing carrier and sideband dotted), 
and as recovered in the receiver. Bothperfect tuning and mis- 
tuning of the receiver are shown in Fig. 2-3, to illustrate 
how receiver tuning affects the pitch of the received signal. 
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The important thing to remember about an SSB signal is that 
it is the audio signal itself, translated directly into the RF 
spectrum. Conventional AM phone, on the other hand, isa 
"coding" of the audio into RF. The SSB signal cannot be per- 
mitted to suffer distortion at any stage after it is generated, 
or the individual frequencies within the band will mix with 
each other to create sum and difference products which were 
not originally present. These sum and difference products 
not only cause annoying and illegal interference to other opera- 
tors (who know it as "buckshot'') but can themselves mix with 
each other to introduce additional distortion back into the 
original signal. 


The single sideband signal must be protected against dis- 
tortion from the time it is originally generated until it is once 
again returned to the audio range; this requires not only care- 
fully operated linear amplifiers inthe transmitter, but spec- 
ially designed detector circuits—produce detectors—in the 
receivers. Development of such circuits is one factor in SSB's 
rapid rise to prominence. 


In all ofthis discussion, the emphasis has been on the direct 
electrical differences which mark an SSB signal. Were these 
the only differences, hardly anyone would be willing touse 
SSB. These direct electrical differences, however, produce 
some startling operational differences which make SSB appear 
almost 10 times more powerful under difficult operating condi- 
tions than ordinary phone at its best. 


One of the differences is the fact that since only one side- 
band is transmitted, only half the spectrum is necessary. 
This tends to reduce interference between competing signals 
and permits use of extremely selective receiving techniques 
which also combat interference. A second difference also due 
to the presence of only one sideband is the fact that all the 
legal power is carrying voice; in conventional AM, only half 
the legal power is carrying voice—and that half is split be- 
tween two essentially identical signals. In other words, an 
SSB transmitter can put out around 700 watts of talkpower 
on the average. WhileanAM rig can produce only an effective 
175 watts orso. All the rest of the power in the AM signal 
is either furnishing carrier or duplicating this 175 watts of 
effective voice power. 
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Probably the greatest advantages offered by SSB, though, 
is its elimination of the steady carrier signal. This signal, 
in AM operation, is essentially the same strength as would 
be produced by the same transmitter operating CW with the 
key held down, It has approximately four times the power of 
the accompanying voice sidebands. TwoAM stations of approx- 
imately equal strength, operating 2 to 3 kHz apart, will drown 
each other out witha beat note equal in frequency to their fre- 
quency separation. Two SSB signals of equal strength at the 
same spacing cause little interference to each other; an oper- 
ator listening to onewill hear the other only as superimposed 
"monkey chatter" on top of an intelligible signal. 


Elimination of the carrier and concentration of allthe power 
intothe single sideband offers a few more bonuses, and these 
are important from a legal (licensing) standpoint as wellas for 
general operation. The exact power of an SSB signal at any 
instant is determined by the voice waveform which it is 
carrying, sincethe signal is the voice waveform translated up 
into RF. Ourvoices range from no soundat all, during pauses 
between words, up to rather explosively intense sounds as 
those which form the words "boy" or "plow." The power level 
of the SSB signal at its most intense or "peak" value is known 
as the 'peak envelope power." 


You cannot read the peak envelope power of an SSB signal 
from any meter, since the meters respond far too slowly. 
If you monitor the power output of a transmitter with an os- 
cilloscope, you can measure peak envelope voltage and from 
this reading calculate the power. FCC regulations, however, 
require that power input to an amateur transmitter be deter- 
mined by metering the voltage andcurrent applied to all stages 
which deliver power to the antenna. They recognize that DC 
meters cannot respond to the variations in level of an SSB 
signal, which are due to the variations in sound intensity of 
your voice, 


For this reason, the regulations state that the maximum 
power input as read by meters having a '1/4-second time 
constant" shall never exeed 1,000 watts. The key phrase 
is '1/4-second time constant,'' and that includes almostall 
high-quality meters, It means that when voltage or current 
changes, the meter reading will follow it within 1/4 second. 
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Thus the meter needle never keeps up with the voice peaks, 
but does record average rather than peak power. 

The ratio of peak envelope power to average power in an 
SSB signal depends primarily on the characteristics of the 
operator's own voice, and may range from about 1.2 to 1 up 
to more than 2 to 1. If your voice is suchthatthe ratio is 2 
to 1, then you will be able to produce a legal 2,000 watts of 
peak input power while the average upon which the regulations 
are based remains within the limits. If your voice produces 
a 1.2-to-1 ratio, you can get only 1,200 watts peak input 
while remaining in the legal kilowatt limit. 

This is a notable bonus for SSB operation when compared 
to either CW or AM operation. A CW transmitter is not per- 
mitted to run more than 1,000 watts input under keydown con- 
ditions. This limits its peak input power to 1,000 watts re- 
gardless of the average; when sending a string of mostly dits, 
the average power would be about 500 watts. An AM trans- 
mitter is limited to 1,000 watts input in the absence of modu- 
lation. Addition of 100% modulation brings the peak input up 
to 1,500 watts (1000 watts carrier and 500 watts in the side- 
bands, contributed by the modulator) but this is still less than 
the possible 2,000 watts with SSB. Especially when you con- 
sider that only 250 of the AM rig's 1,500 watts are useful 
and the rest are merely tagging along for the ride. 

Despite the possible 4-to-1 advantage in peak power enjoyed 
by SSB in comparison with CW, the dits and dahs retain the 
advantage of maximum. transmission range, This comes 
about because CW may be received with only a 50-Hz band- 
width in the receiver, while SSB requires a minimum of 2.7 
kHz, some 540 times as great. The 4-to-1 power advantage 
is cancelled out exactly when CW is received with a 675-Hz 
bandwidth. Cutting that bandwidth in half gives CW a 2-to-1 
advantage in effective received signal strength, and each 
additional halving of bandwidth doubles CW's power advan- 
tage. For voice operation, though, no other technique can 
approach SSB's effectiveness. The nearest competitor is 
wide-band FM, which requires receivers even more special- 
ized than those for SSB and is also illegal on the HF bands. 


HOW ARE SSB SIGNALS GENERATED? 
Single-sideband signals may be generated in any of three 
ways. Thetwo most common methods are by filtering out the 
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Fig. 2-4. Block diagram of the phasing method of generating 
an SSB signal. With phase relationships as shown, the lower 
sideband signal is generated; .to get the upper sideband, 
move either (but not both) phase-shift network to feed the 
opposite modulator. Success depends upon careful adjust-— 
ment of all controls; up to 40 db Suppression can be ob-— 
tained’ but 30 db is the more usual figure in practice. 


unwanted sideband, and by phasing out of unwanted components. 
The other method, known only as "the third method, '' combines 
parts of boththe filter and phasing techniques, and is so criti- 
cal in operation that it is almost never used. 

Regardless of the method used, the starting point is always 
an RF signal which is modulated by the audio which is to be 
transmitted. Normally, the carrier is eliminated during the 
modulation process by use of a "balanced modulator." This 
is a circuit (Fig. 2-4) whichaccepts as its inputs an RF signal 
and an audio signal, one of which is applied in push-pull and 
the other of which is applied in parallel, and from which the 
output is taken in push-pull. The resulting phase reversals 
of the RF signal as it mixes with the audio signal cancel out 
the constant-phase carrier component and leave only the two 
sidebands. 

‘In the "phasing" method, not one but two balanced modula- 
tors are employed. The RF signal is phase-shifted by 90 
degrees between the oscillator and one of the balanced modu- 
lators andis applied to the other modulator without any phase 
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shifting. Similarly, the audio signalis shifted in phase by 90 
degrees before its application to one of the modulators and is 
applied to the other with no phase modification. Phase re- 
lationships in the modulator circuits make one pair of side- 
bands (either both lowers or both uppers) identical in phase 
at the outputs, whilethe other (unwanted) pair is 180 degrees 
out from each other. The unwanted signals then beat each 
other's energy out, while the desired sideband components 
assist eacn other on through the transmitter. Either pair 
can be selected by reversing the connection of the two audio 
paths to the two balanced modulators. Fig. 2-4 shows ablock 
diagram of this 'phasing" technique. 


In the "filter" method, the RF signal is applied to only one 
balanced modulator. The resulting double-sideband-less- 
carrier signal is passed through an extremely sharp filter 
which passes only one of the two sidebands. 


In the "phasing" technique, the original RF signal can be at 
any frequency from the low IF regionupto VHF, and the only 
part of the generator which requires adjustment (besides, of 
course, the various tuned circuits) isthe RF phase-shift net- 
work. Inthe "filter'' technique, though, the original RF sig- 
nal must be at such a frequency that the desired sideband 
matches the passband of the filter rather precisely. Early 
filter techniques could not achieve the required sel ectivity at 
frequencies very much above the audio range—one of the first 
popular SSB filters operated at 17 kHz! Mechanical filters 
raised the frequency up to the normal IF region around 455 
kHz, and development of crystal lattice networks has since 
raised the filter frequency as high as 9 MHz. Regardless of 
the frequency, it is fixed for any one generator by the filter 
frequency. In practice, phasing units are usually also adjust- 
ed at fixed frequency. 

Since the signalisat a fixed frequency when the carrier and 
unwanted sideband are shaved off, some means of moving 
it to the desired operating spot must be provided in any practi- 
cal generator. This normally consists of a stable VFO and a 
mixer which is very like areceiver's product detector. Out- 
put of the mixer is then amplified as much as desired (or to 
the legal limit) by linear amplifiers. Fig. 2-5 shows a block 
diagram of a typical filter-method SSB generator including 
the VFO and mixer stages. 
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The VFO and mixer operate to transform the SSB signal to 
some other part ot the RF spectrum injustthe same way as a 
normal modulator ora receiver's mixer move audio up to RF 
or vice versa. The mixerinanSSB generator is operated with 
particular care so that no distortion products are introduced, 
but the output always contains both original input frequencies, 
their sum, and their difference. The "sum"! frequency has 
the same characteristics as the original SSB signal, but the 
"difference" frequency is inverted and becomes the "opposite" 
sideband. One ofthe favorite frequencies for generation of an 
SSB signal inthe early days, and one which is still widely used, 
is 9.0 MHz. Thispermitsa sum output in the 20-meter band, 
and a difference output on 75 meters, from the same 5-MHz 
VFO. The inversion caused by using the difference frequency 
is the reason oldtimers on SSB considered LSB standard on 
75, and USB standard on 20. Anything lower than 9 MHz re- 
quired LSB, and anything above USB. With improvements in 
operating and construction techniques in the past few years, 
you can now find either sideband in use on either band. 


HOW IS SSB TRANSMITTED? 


Transmission of an SSB signal neither begins nor ends with 
generation of the signal itself. Before being applied to the 
SSB generator, the audio is normally shaped for maximum 
effectiveness. Broadcast quality is not the objective, com- 
munications punch is. To meet this end, the bandwidth of the 
signal is usually limited to the effective 300-3, 000 Hz range. 
Often, some measure of volume compression is applied—— 
although this will change the peak-to-average power ratio 
by trimming the peaks back and boosting the normally weak 
parts of the syllables. 

For the phasing method, frequency limiting is necessary; 
the phase-shift networks operate well only within this range. 
In the filter technique, the limiting is done by the filter any- 
way. Despite this, the audiois normally shaped at an earlier 
stage in order to concentrate power where it will be used. 
Many operators begin the frequency-shaping at the microphone 
by using a mike which responds primarily to the speech range 
and tends to reject other frequencies. 
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The processed audio signal goes into the SSB generator, re- 
gardless of the sideband-generation scheme employed, and an 
SSB signal at final operating frequency comes out. This signal 
is, however, rather puny; about the most produced by typical 
SSB generators is around one watt. To compete with the big 
boys, amplification is necessary. 

And since distortion of any type is taboo with SSB, the RF 
amplifier used must be of the "linear" variety. Now "linear" 
is aword with almost as many different meanings asit has 
users. The most general meaning is ''distortion-free."' Any 
type of RF amplifier can be operated ina manner which makes 
it "linear" inthis sense, but sometypes are easier to linearize 
than others. 

For instance, to make a Class C amplifier—typical of AM 
and CW final stages— operate linearly, considerable special 
circuitry and careful adjustment is necéssary. The net effect 
is a sort of cross between an amplifier anda modulator, but it 
can be made todoagood jobif yor have enough patience. The 
technique has beendescribed in detail elsewhere; the idea here: 
is to look at all the linear amplifier techniques but nonein ex- 
treme detail. 

A properly adjusted Class B amplifier—an amplifier which 
is operated exactly at the cut-off voltage—will reproduce the 
envelope and frequency content of an SSB signal without dis- 
tortion, and so it too is linear. 

The Class A amplifier—one in which plate current is never 
cut off during the operating cycle—is easiest of all to make 
linear. If grid bias is adjustedso that plate current remains 
constant through the syllable cycle, and if drive to it is kept 
within bounds, it's difficult to make one of these distort, Un- 
fortunately, only about 20 to 25 percent of the DC power comes 
outas RF, so they're not the most efficient approachtothe 
problem, 

Most transmitter designers settle for the Class AB1 approach. 
This is anamplifier adjusted to operate midway between Class 
A conditions andthose forClass B; no grid current flows, and 
plate current rarely is reduced to cut-off (never in a properly 
operating design), but plate current does vary through the 
cycle. With no signal input, most amplifiers of this type are 
adjusted to dissipate the maximum power possible within the 
tube ratings. As signal is applied, plate current rises, but 
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dissipation decreases. Eventually, with continually increased 
input, the point is reached at which additional input results 
only in distortion rather than in increased output. Normally, 
though, gridcurrentis drawn just before this point is reached, 


The fact that most Class AB1 amplifiers are still distortion- 
free when grid current sets incan be used to advantage in the 
“automatic load control" circuit which has gained wide popu- 
larity. In the speech-processing portion of the transmitter, 
a compressor circuit is included. The control signal for this 
compressor is taken by rectifying and amplifying the "hash" 
which appears in the final grid circuit as the grid draws cur- 
‘rent. Thus when grid current appears, a control signal is 
applied to the compressor to reduce the input signal level. 
This negative feedback prevents distortion by automatically 
reducing drive whenever the input sigml level is excessive. 
Of course, likeall''automatic" devices, it can be overloaded, 
but used with some intelligence it is a powerful aid. 

The main factor which prevents distortion when the SSB 
signal is amplified in the transmitter, however, is the proper 
tuning and adjustment of the amplifier stage. All adjustments 
must be onthe nose for proper performance; sloppiness which 
would never be noticed with most AM or CW rigs results in an 
SSB signal whichfills the band with "buckshot" and can rapidly 
earn you a pink ticket for spurious radiation. 

Grid bias must be at the proper level. Too much will result 
in intermodulation (third-order) distortion, and too little will 
restrict the amplifier's ability to handle high-level signals. 
Drive must also be proper. Too little hurts only your output 
power; too much results in flat-topping and consequent 
splattering over the spectrum. Coupling to the load (either 
next stage or antenna) must be correct, so that the load re- 
flects the proper impedance back to the amplifier plate. All 
of these adjustments interact strongly with each other. Asa 
result, the only way to be sure of proper operation isto tune 
up with an oscilloscope. 

To tune up with a scope, connect the scope to the trans- 
mitter output (through a coupling link, not direct) and apply a 
two-tone test signal to the input. With a phasing rig, all you 
needdoisinsertacarrier. With a filter rig it is often easier 
to apply two sine waves of different frequencies to the mike 
jack. The scope should display a perfect bow-tie pattern if 
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operation is correct. Too much bias makes the diagonals of 
the bow-tie concave. Too little bias, or too much drive, 
flattens the peaks. Too little loading makes the diagonals 
concave, For additional details on interpreting the pattern, 
refer to any of the SSB handbooks, Theimportant point to re- 
member at this stage is that SSB signals may be amplified 
without distortion only by a properly designed and properly 
operated "linear" amplifier, Either poor design or poor oper- 


ation will introduce distortion and consequent illegal operation. 


HOW IS SSB RECEIVED? 


Once transmitted, the SSB signal must be received. While 
almost any receiver can be used (it's a matter of record that 
one-tube regenerative "bloopers" have successfully copied 
SSB), most operators consider a reasonably good superhet 
with sharp selectivity, a slow tuning rate, and exceptionally 
stable oscillators the minimum for serious SSB use. 

Importance of stability is directly duetothesmall margin of 
error for reinsertion of the suppressed carrier; a mistake 
of as little as 20 Hz—that's the same tolerance broadcast- 
band commercial. stations must keep— is clearly audible. 
Much more scrambles the voice beyond recognition. The slow 
tuning rate is important for the same reason; a jeweler's deli- 
cate touch can substitute for this, though. 

The selectivity is necessary in order to take advantage of 
the capability present in the SSB signal. If the receiver's 
acceptance band can be trimmed down to just the width of the 
one sideband in which you're interested, then all possible in- 
terfering signals near the sideband but not actually init will 
be reduced or eliminated. Sucha receiver is known as a "se- 
lectable sideband" receiver since it can select either sideband 
of a normal AM signal. 

A selectable sideband receiver can receive any type of signal 
which can fit within its 3-kHz passband, itis not limitedto just 
Single sideband signals. The selectable sideband receiver 
can receive CW, SSB, DSB (double-sideband suppressed 
carrier), or AM signals interchangeably. It may be ableto 
receive narrow-band FM or PM signals as well, although 
as a rule special detector circuits are necessary for these 
"angle-modulated" (FM or PM) signals. 
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Whether SSB, DSM, or AM signals are being received on 
such a receiver, the technique is similar. The receiver's 
BFO is adjusted to a point just outside one edge of the pass- 
band, and the receiver is then carefully tuned until the signal 
becomes intelligible. If an AM signal is being received, the 
receiver is tuned for zero-beat (or the BFO may be turned off). 
This effectively shaves the unwanted sideband from a DSB 
signal, turning it into an SSB signal at the receiver instead 
of the transmitter. 


CW signals are tuned in by the same method, except that 
the BFO may be adjusted to some other point on the pass- 
band, depending upon your own personal preference in beat- 
note pitch. Some operators like relatively high notes, around 
1 kHz, while other prefer low pitches, from 50 to 200 HZ. 

A good AGC system is also essential in an SSB receiver, 
since the signal varies at such a rapid rate. Normal AVC 
won't work right; it cuts in and out far too rapidly, producing 
a "thump" each time it cuts in and permitting noise to roar up 
between syllables ofaword. For sidebanduse, a ''fast-attack" 
"slow-release" system is necessary ;this one acts rapidly when 
signal strength increases, but holds gain down for some time 
after the signal goes down (as long as 1secondin many cases). 
This permits the receiver gain to match the average rather than 
the peak level of the SSB signal. 

Selectivity, stability, slow tuning, and good AGC are all 
essential to SSB reception. Yet all of these are wasted for 
long-session use unless the actual detector circuit of the re- 
ceiver is properly designed. Today's receivers almost in- 
variably include "product detectors" for SSB use; the older 
breed, which is still with us in large numbers, did not. 

The product detector is simply a name for a type of low- 
distortion mixing circuit which accepts two radio frequencies 
(normally the IF and the BFO) andproduces only the sum and 
difference outputs, without adding intermodulation distortion 
or other forms of garbage to the audio output. 

By contrast, the older diode or peak envelope detectors 
produced distortion levels as high as 15% of the audio signal 
itself. This difference didn't have much effect during short 
listening sessions—but during contest operation, for instance, 
it made the difference between keeping thetop of your head in 
place and blowing it clean off your scalp! 
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Figo. 2-6. Block diagrams of (A) a communications receiver 
for AM/CW use only and (B) a selectable-sideband receiver 
for AM/SSB/CW use. 


To sum up reception requirements for SSB, Fig. 2-6 shows 
block diagrams of (A) a communications receiver for AM/CW 


use only and (B) a selectable-sideband receiver for AM/SSB 
/CW use. Notice that the sideband receiver contains all the re-- 


quired functions for the other two types of reception, and 
merely adds a few new ones. 
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CHAPTER 3 


Oscillation, Feedback & Harmonics 


Sofarinthis study course for the new Advanced Class license 
examinations, we have gone into radio wave propagation and 
single sideband. Now, let's consider some of the principles 
of transmitter design, construction, and operation. 

The appropriate questions from the FCC study list are: 


5. What are harmonics? How canthe generation of excess- 
ive harmonics be avoided? 

12. How do parasitic oscillations affect circuits? What can 
be done to prevent or eliminate parasitics? 

13. Whatisbackwave radiation? How can it be eliminated? 
17. What are some common types of oscillators employed 
in amateur equipment? How can each be identified in circuit 
diagrams? Whatpari does feedback play in these oscillators? 
What points inthe circuits should be coupled to provide good 
feedback?’ 

18, Why is neutralization important in amplifiers? What 
points in an amplifier circuit should be coupled to provide 
good neutralization? 


As usual, wewill shuffle these questions around a bit to pick 
out the subjects common to all five, then set up some new 
questions to bring up the key details of these common subjects. 
(Incidentally, these are not all ofthe questions ontransmitters; 
two later chapters cover the rest.) 

Of the five questions we're examining here, two deal directly 
with oscillation and a third deals with the prevention of oscilla- 
tion by neutralization. All three of these, indirectly, are in- 
volved with feedback. A good question for us, then, is "What 
is feedback?" and a natural companion to that one is ''What 
are feedback's effects?" 'Backwave'' is connected rather 
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intimately with the keying of CW transmitters. Let's examine 
the whole area, with the question ''How can CW transmitters 
by properly keyed?" 

And harmonics are a frequent problem. In this case, let's 
use one of the Commission's questions: ''What are harmonics ?" 
However, togodeeper, let's not restrict ourselves to the pre- 
vention of excessive harmonics; instead, let's ask "How can 
we use harmonics properly?" 

Finally, let's return to the subject of oscillators and try to 
answer the question, "How many types of oscillators are 
there?'' These six questions should provide enough answers 
for the five on the study list, even with their multiple parts. 


WHAT IS FEEDBACK? 


Feedback, in its most general meaning, is apparently one of 
the most basic ideas in existence. One example of it is the 
concept of "'cause and effect,'' any time the effect "feeds back" 
and modifies the cause, resultingin any action, we're seeing 
feedback at work. 

As another example, when you come to the end of this page 
and turn the sheet to continue reading, that'saresult of feed- 
back. Your eyes told you that the page has been completed, 
and your hand turned to a fresh page. This feedback of infor- 
mation from eyetohand resulted in the eye receiving new in- 
put, in the form of the fresh page. 

As we normally use the term, though, we tend to think of 
feedback as something bad—like a cold—which happens to 
us only when we're unlucky. When the mike line picks up RF 
and we transmit an annoying series of howls rather than speech, 
we say ''Feedback!"' When the final decides not to wait for any 
RF to reach it, and takes off on its own, oscillating wildly, 
again we yelp ''Feedback!" And we're right. The only thing 
bad about it, though, is that we have uncontrolled feedback at 
work, 

Fig. 3-1 shows the basic principle of feedback in block- 
diagram form. A little of the output of an amplifier is "fed 
back" toprovide an input signal. Inanypractical RF amplifier, 
we can't help feeding back at least some of the output of the in- 
put. After all, we're radiating our signals throughout all 
space—and the input of the amplifier is also in that space. 
This doesn't always cause trouble, though, because we can 
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make the portion of the output which reaches the input as 
small as we like, by proper shielding and circuit layout. 

Some types of circuits are more sensitive to feedback than 
others, and some types of components have feedback built 
right into them. Forinstance, a high-gain amplifier is more 
sensitive to any kind of signal than one with a lower gain. And 
a triode tube, with its highgrid-plate capacitance, has a built- 
in feedback path. 


WHAT ARE FEEDBACK’S EFFECTS? 


Contrary to our general beliefs, the effects of feedback are 
not always disastrous. In fact, as pointed out a few para- 
graphs back, any cause-and-effect relationship involves feed- 
back. Without feedback, we couldn't function. 

The oscillator, a necessary item in both our transmitters 
and our superhet receivers, isanexample of this. Feedback 
is essential to the working of any oscillator. 


OUTPUT 
(GAIN x EFFICIENCY 
INPUT INPUT .OF INPUT) 


AMPLIFIER 


FEEDBACK 
FEEDBACK ENERGY NETWORK 
(OUTPUT MINUS NETWORK LOSS)! (Lossy) 


Fig. 3-1. Here*’s how feedback works. The feedback network 
takes the amplifier output and reduces it to the desired 
"feedback fraction.” This feedback energy is applied to 
the input and either cancels out or adds to the actual in- 
put energy to produce the “effective input.” The effective 
input is amplified so that output is equal to effective 
input times amplifier gain. 
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The kind of feedback which gives us trouble is uncontrolled 
feedback. So long as we have it under control, feedback is 
useful. But in order to control it, we must know its effects. 
Up until now, we've been talking about feedback in general. 
From here on, we will talk about feedback only as it applies 
to an AC signal. After all, that's the kind of feedback we're 
most interested in for our examining amplifiers and oscillators, 

All AC signals have not one but two characteristics known 
as "amplitude" and "phase."' Amplitude is the quantity we 
most often call ''voltage" or ''current''—the relative"'strength" 
of the signal. However, voltage or current must be specified 
as peak-to-peak, RMS, or"'average"'; amplitude is only rela- 
tive and needs no units or modifiers. Phase refers to the 
number of full cycles based on some arbitrary starting point 
for the signal, with all full cycles removed from the calcula- 
tion so that only afraction of a cycle remains. Relative phase 
between two signals ofthe same frequency, for example, re- 
fers to a difference in time between the starting points of the 
two signals. Normally, a phase difference is called either 
"leading" or "lagging,'' depending upon which signal began 
first, and is measured in "degrees" with 360 degrees equal 
to one full cycle. A phase relationship of either 0 or 360 de- 
grees means that the two signals have no phase difference at 
all. 

A phase difference of 180 degrees means that one signal 
reaches its most positive peak value of amplitude at the same 
instant that the other reaches its most negative peak value, and 
that both signals pass through zero amplitude at the same in- 
stant. In other words, one is the mirror image of the other, 
in their phase relationship, at least. 

Two identical signals of identical amplitude but 180 degrees 
phase difference cancel each other. If amplitude is equal and 
phase difference is 0 degrees, the result is a single signal 
with twice the amplitude of either of the original signals. If 
the phase difference is anything other than 0 or 180 degrees, 
the result will be a single signal differing in both amplitude 
and phase from either of the original pair. 

When we take the circuit of Fig. 3-1 and apply a bit of the 
amplifier's output back to its input as an additional input sig- 
nal, we can always control both the amplitude and the phase 
of the ''feedback" signal, This statement is true only if the 
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feedback is deliberately designed into the circuit; accidental 
feedback cannot be controlled. 

Suppose, for instance, that we had an amplifier with a gain 
of 10, and that we feed 1/10 of its output back to the input. 
Suppose, additionally, that wearrange for this feedback signal 
to be exactly 180 degrees out of phase with the input signal 
which produces it. A 1-volt input signal, in the absence of 
the feedback, would produce a 10-volt output. One-tenth of 
this, or 1 volt, is used as feedback. Since it is 180 degrees 
out of phase, it would exactly cancel the original input signal. 
But this leaves us with no input signal at all, and this in turn 
makes the output level zero. One-tenth of zero is still zero; 
this means we have no feedback now. Nothing is available 
to cancel out the input, and output comes back to 10 volts. 


The apparent contradiction here actually doesn't happen in 
fact, because ittakes a finite amount of time (even though it's 
only a few billionths of a second) for the feedback to appear 
and do anything. For example, when the 1-volt input is first 
applied the output rises to 10 volts—but to get there it must 
pass through all the voltage values between 0 and 10. And as 
it does so, 1/10 of each of those voltage values is fed back to 
the input. When output level is at 1 volt, feedback is 1/10 volt. 
This cancels out 1/10 volt at the input, leaving 9/10 volt 
effective input signal. By thetime this loopis closed (because 
of the amplifier's built-in time delay) the output has already 
risen some. If it is up to 2 volts by this time, the feedback 
is 2/10 volt and the effective input is cut down to 8/10 volt. 
With 8/10 volt input the maximum output valueis reduced from 
10 to 8 volts; before this can level off, though, the output 
has still been rising. 

When output level gets up to 5 volts, the feedback voltage 
has risen to 5/10 volt. This leaves an effective input level 
of 5/10 volt; sincetheamplifier's gain is 10, the output level 
with a half-volt input will be 5 volts. Output level stops rising 
and stays fixed at the 5-volt level. The net effect of feedback 
upon this amplifier, then, was to reduce the gain from 10 to 
ay 
Any time the feedback voltage is 180 degrees out of phase 
with the input signal, the primary effect is to reduce the 
amplifier's gain. The amount of gain reduction depends upon 
the original gain of theamplifier, anduponthe amount of feed- 
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back. Gain can be reduced almost, but never quite, to zero. 
Remember that any gain valueless than 1 represents an actual 
loss in voltage or current (but may representa gain in power, 
and frequently does so). The cathode follower is an excellent 
example of such a use of feedback; in this case 100 percent 
of the output is fed back to the input. Gainis always less than 
1; 

Let's take that same exampleamplifier witha gain of 10 and 
try another feedback application. Let's feed back only 1/100 
of its output this time, but we'll feed it back with zero phase 
difference. This in-phase feedback is known as "positive" 
feedback; feedback out of phase (180 degrees difference) is 
known as "negative" feedback. 

With an input signal of 1 volt, output without feedback is 10 
volts. The feedback, 1/10 volt, adds to the input signal though, 
raising it to an effective 1.1 volts. Output then rises to 11 
volts, This increases the feedback -plus-original input to 1.11 
volts, and output comes up a little more to 11.1 volts. The 
loop goes on and on, with the output climbing a little higher 
each time. Every increase in the output increases the input 
signal by 1/100 as much, and in turn increases the output by 
1/10 as much, 

While it might appear that the process could never end, it 
comes to a practical halt when the new increase in feedback 
signal is sosmall that it's smaller than the random noise level 
always present in any electrical circuit, and the output will 
stabilize at about 1,11111111 volt (the exact number of deci- 
mal places to include depends entirely upon the accuracy of 
your test equipment. 

If we increase the positive feedback percentage tobe 5/100 
of the output with the gain still fixed at 10, we get similar 
results but with a much larger increase in effective gain. 
A 1-volt input gives 10 volts out, and a feedback signal of 1/2 
volt. This raises ‘the effective input to 1.5 volts and gives 
us a 15-volt output signal. This, in turn, increases the feed- 
back signal to 3/4 volt and brings effective input level up 
to 1.75 volts. Output, in turn, climbs to 17.5 volts. Now the 
feedback amounts to 7/8 volt, or 0.875 volts, and effective 
input climbs to 1,875 volts. Output comes up to 18.75 volts. 

No matter how many times we follow this loop around, though, 
the output will never get higher than 20 volts with a 1-volt 
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input signal. In fact, itwon't even reach 20 volts in any prac- 
tical number of repetitions. Since it takes only a few billionths 
of a second for our signal to make the trip around, it can 
reach the 20-volt level rather rapidly. 

To prove that the 20-volt level can't be exceeded, let's 
assume that we have reached the 20-volt point. Our feedback 
fraction is 5/100 so the feedback voltage is exactly 1 volt. 
This 1 volt adds to the original 1-volt input for 2 volts effec- 
tive input. The amplifier's gain of 10 brings this up to 20 
volts. But that was the output we assumed we already had; 
there was no increase in output. 

If we increase the feedback percentage to 99/1000 of the out- 
put, we get fantastic gain from our originally modest ampli- 
fier. Without going through the loops to prove it (you can, 
if you like, justaswedidabove), we'll just say that the effec- 
tive gainis 1000. This is 100 times greater than that of the 
amplifier alone. 

What we have been showing is that negative feedback always 
reduces gain and positive feedback always increases it. In 
older days, positive feedback was known as "regeneration"! 
and negative feedback as ''degeneration;'' you may find this 
language on examination questions sinceit is still inwide use 
among oldtimers. One of the clearest examples of the use of 
positive feedback is the regenerative receiver. 

The effects of feedback upon gainare wrapped up in a single 
algebraic formula whichis justas worthy of being memorized 
as in Ohm's Law. It goes: 


Gain fb = pa eel vee 
1 — (FB) x Gain) 


and means that the gain with feedback is equal to the gain 
without feedback, divided by the remainder when the product 
of feedback fraction and gain is subtracted from 1. If feed- 
back is negative, the sign of the feedback fraction is also 
negative and the ''subtraction" process turns into addition. 
If feedback is positive, the feedback fraction is positive and 
the product is subtracted from 1. 

The results of this formula are shownas graphs in Figs. 3-2 
and 3-3. These graphs were traced from several produced 
by an electronic digital computer solving the feedback for- 
mula for amplifiers with fixed gains of 10, 20, 30 and 40, 
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Figo. 3-2. Gain with feedback for various feedback frac-— 


tions ranging from 100% negative feedback up to 10% posi- 
tive feedback. 


and show the gain with feedback for various feedback fractions 
ranging from 100 percent negative feedback up to 10 percent 
positive feedback. 

Notice how rapidly the gain-with-feedback figure climbs in 
Fig. 3-3 when the product of the feedback fraction and amp- 
lifier gain gets close to 1, With an amplifier gain of 10 anda 
feedback fraction of 10 percent or an amplifier gain of 20 and 
a feedback of 5 percent, or a gain of 40 and feedback of 2.5 
percent, the gainfigures run right off the top of the scale des- 
pite several changes of scale calibration. 

A look at the formula shows why this happens. When the pro- 
duct of feedback and gain equals 1, and feedback is positive, 
the gain-with-feedback becomes Gain/0. Division by zero, 
though technically not possible, appears to yield a quotient of 
"infinity."' This would indicate that gain becomes infinitely 
large under such conditions, 
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Assume, for example, that we take our gain-of-10 ampli- 
fier and put in 10 percent positive feedback. Wealready know 
that if it has 9.9 percent (99/1000) feedback, it has a gain of 
1000 and that increasing the feedback any more will increase 
the gain also. 

Remember, too, that every circuit has at least a micro- 
volt or so of random "noise" signal circulating atall times. 
This millionth-of-a-volt 'noise'" signal would be amplified by 
at least 1000 times to produce a 1-millivolt output, with 9.9 
percent feedback. With feedback of 9.99 percent, the output 
would be 10 millivolts. With9. 999 percent feedback we would 
get 1/10 volt output. With 9.9999 percent, 1 volt out. The 
closer we get to 10 percent, the closer the gain becomes to 
"infinite, "' 

But if gain is "infinite,'' then we need have no input signal 
at all— not even the inescapable 'noise''—to produce all the 
output we might want! The resultis that this amplifier is now 
producing all the input it needs; no "outside" input is necess- 
ary. Wehave, infact, made it into an oscillator. 


That simple factor, feedback fraction times amplifier gain, 
is actually an indication of whether any circuit can oscillate. 
Whenever the product of the positive feedback fraction and the 
amplifier gain is equal to or greater than 1, then the circuit 
not only can but must oscillate. And this fact is the reason 
why we have spent so much time developing the idea of feed- 
back, in order to answer questions about oscillators, para- 
sitics, and neutralization, Now that we know why a circuit 
can oscillate, we're ready to look at the details. 

We have two major types of feedback, positive and nega- 
tive. To oscillate, a circuit must have positive feedback, 
and the "criterion of oscillation" that feedback times gain 
must equal 1 (or more) must be satisfied. Any less feedback 
will prevent oscillation. 

If both positive and negative feedback are present in a cir- 
cuit, that feedback with the smaller feedback fraction will 
cancel out part of the other kind, so that the result is always 
just one kind of feedback—but with a smaller amount of it. 
This means that if we have an amplifier which has. by acci- 
dent, enough positive feedback built into it so that it oscillates, 
we can deliberately add some negative feedback to cancel out 
part (or all) of the positive feedback and halt the oscillation. 
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This process is called "neutralization" when itis applied to 
an RF amplifier. In some cases, it's easier to visualize the 
neutralization process with some other images of it, but it 
always involves putting in some negative feedback to make 
oscillation impossible. 

"Parasitics" are oscillations in an RF amplifier (or other 
RF circuit) which are not wanted and which have no apparent 
relation to the desired functioning ofthe circuit. For instance, 
many amplifiers inthe HF range (3-30 MHz) have parasitic os- 
cillation in the VHF range between 40 and 400 MHz. 

These oscillations usually occur because of accidental feed- 
back paths from output to input, which are effective only at 
the higher frequencies. Often, they are due to physical char- 
acteristics of the tubes and other circuit components. For 
instance, the connecting leads from amplifier-tube plate to 
its tank circuit may show up as a high-impedance resonator 
at VHF, while the tube's gain may still be adequate to make 
oscillation possible. 

In addition to providing spurious and illegal output signals, 
parasitics are rather destructive to equipment. Since they 
were not accounted for in the original design or in the opera- 
ting and tune-up procedures, they often cause tubes to draw 
excessive current. The high voltages generated by the re- 
sulting unloaded oscillator also cause breakdown of insulation 
and overheating coils. And it's almost an inviolable rule that 
an amplifier full of parasitics won't amplify the intended signal 
properly. The parasitic changes the tube's operating point in 
an unpredictable manner. Linear circuits become mixers, 
mixers act as distortion generators, etc. 

Fortunately, parasitics are relatively easy to control once 
they are identified and tracedto their originating stage. The 
control is so easy that most published construction projects, 
and virtually all factory-designed gear, includes parasitic 
suppression as a basic part of the design. Thetrickis simply 
to destroy gainatthe parasitic frequencies. Then oscillation 
is impossible. 

Two of the most common techniques for killing gain at para- 
sitic frequencies are shown in Fig. 3-4. The simplest of the 
two works in most cases, and is recommended whenever the 
parasitic is at a frequency far removed from that at which 
the circuit is supposed to operate. 


oF 


Fig. 3-4. Parasitic suppression is simple to accomplish. 


These suppressors kill gain at the parasitic frequency with—- 
out appreciable effects at the desired frequency of oper- 
atione 


This suppressor consists simply of three or four turns of 
No. 18 or No. 20 wire wrapped around a 47-ohm 1~ or 2-watt 
composition resistor. The wire acts as a tuning coil, tuned 
by its owndistributed capacitance, forthe parasitic frequency, 
and the resistor swamps out the Q of the circuit. This reduces 
gain below the critical amount needed for oscillation. At the 
normal operating frequency, the few turns of wire have al- 
most no effect except—and this is vital—to short out the re- 
sistor so that it can't affect normal operation either. 

When parasitics occur close to the desired operating fre- 
quency, though, the simple and direct approach doesn't do 
much except cut down on desired output and burn up sup- 
pressors. Thenthe link-coupled suppressor of Fig. 3-4 must 
be used. In this one, the trimmer capacitor and small coil to- 
gether couple all the parasitic energy out and trap it, without 
affecting output at the desired frequency. The trapping tank 
reduces circuit gain at the parasitic frequency so much that 
it can't oscillate, but has little or no effect at operating fre- 
quency. This is especially recommended for the 50-MHz 
operation and higher frequency use. 

Another key point in the prevention of parasitics is to take 
care in construction of the circuit originally. Make sure that 
no "sneak" paths exist to couple output back to the input at 
parasitic frequencies, Use single ground points whenever 
possible. VHF and UHF operators normally experience less 
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parasitic troubles than do their HF brethren, simply because 
the construction care required to make VHF and UHF ampli- 
fiers function at all alsoacts as built-in parasitic suppression. 
The moral is: build every rig as if it were a UHF unit, and 
less parasitic problems will result. 

When we want a circuit to oscillate, we still want to be cer- 
tain that it oscillates only at the frequency wedesire. Contrary 
to some beliefs, it's not only possible but easy for an oscilla- 
tor to suffer parasitics. It's only more difficult to find them, 
since the desired RF oscillation is always in the circuit and 
many ofthe standard tests for parasitics (output in the absence 
of input, etc.) do not apply. 

At low power levels, suchasthose involved in most oscilla- 
tors and all receiving RF amplifiers, and at low frequencies, 
one of the most effective parasitic-stoppers is a1000-ohm 1/2 
watt composition resistor connected to the grid pin of the tube, 
in series with all other grid connections. This reduces gain 
slightly, but the reduction is much more marked at para- 
sitic frequencies than at the normal operating point. 

While we're on the subject of oscillators it's a good time to 
go into some of the details we need to know about them. The 
only major difference between an oscillator and a neutralized 
amplifier is the phase of the feed back. It follows that there 
are as many ways to arrange an oscillator circuit as there are 
to apply feedback around a loop—and each way has its own 
name, 

When dealing with RF oscillators, though, we find there are 
two major classes. All, of course, aretuned to some specific 
frequency, andthe classifications deal with their tuning. The 
two major classes are "fixed-tuned" and '"'variable-frequency'" 
oscillators. Most ''fixed-tuned" oscillators employ quartz 
cyrstals as their tuning elements; consequently, the more 
common names for the classes are "crystal" and "variable- 
frequency" oscillators. 


This isn't the right place to go into extreme detail on how 
a quartz crystal works, We'll just say for now thatit acts 
the same as a very-high-Q tuned circuit and looks the same 
to the oscillator. The tuned circuit, whether fixed (crystal) 
or variable (LC), canbeconsidered as a part of the amplifier 
inside the feedback loop. It serves to make the amplifier's 
gain variable with frequency. At the frequency to which the 
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circuit is tuned, gain is maximum; at all other frequencies 
gain is lower. 

The feedback formula shows us that any febabdels circuit will 
oscillate if feedback is positive and the gain-feedback product 
is greater than "1.'"' This, in turn, shows us how feedback 
affects an oscillator. 

If too much feedback is used the gain feedback product will 
exceed "'1"' over a band of frequencies rather than at a single 
point. Ifnot enough feedback is available, the productwill 
never be greater than'"'1'"' andthe circuit cannot oscillate. For 
most stable operation, the gain-feedback product should equal 
"1" only at the frequency at which output is desired. This 
means that control of feedback is somewhat critical. 

The higher the ''Q' of the tuned circuit the greater will be 
the gain and the less feedback will be necessary for high 
stability. This is sometimes describedasa "lightly coupled" 
tuned circuit, but either image of the process is equally cor- 
rect; 

Fig. 3-5A shows one type of oscillator circuit; we'll look at 
quite a few other types later. Right now, let's move overto 
"neutralization. '' The major difference—intheory, at least— 
between a neutralized amplifier and an oscillatoristhe phase 
or ''sign"' of the feedback. For example, Fig. 3-5B shows a 
triode or RF amplifier neutralized by the "loop'' method, 
Notice the similarity between this circuit and that of Fig. 3- 
DA 

Neutralization is necessary in most RF amplifiers which 
operate at any appreciable power level because inescapable 
stray feedback usually exists. Since it is not controlled, it 
may be either positive or negative in sign. If it's positive, 
and if the amplifier has enough gain, oscillation will result. 

Even if no oscillation occurs, the "regeneration" that does 
exist will make the amplifier's performance somewhat unpre- 
dictable. It can easily cause a "linear" to produce distortion 
at only one or a few specific output power levels. This means 
distortion may occur during only a part of a syllable, with 
the amplifier operating perfectly at all times. Such problems 
are difficult to locate and correct; neutralization of the ampli- 
fier is always a recommended first step. 

A perfectly neutralized amplifier will have no effective feed- 
back; all that is accidentally present has been cancelled out by 
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that put in during the neutralization process. Most neutralized 
amplifiers are slightly over-neutralized. The only effect of 
this is a slight reduction in gain, coupled with the provision 
ofa safety margin, should operating conditions change slightly. 
A badly overneutralized amplifier, though, may oscillate. 
In theory, it shouldn't but when excessive feedback of either 
sign is present an RF amplifier often changes its character- 
istics so that the sign of the feedback changes also. This is 
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Fig. 3-5. Similarities between oscillator (A) and neu- 
tralized amplifier (B) are shown here. The type of neu- 
tralization shown is called “link neutralization,” since 
link coupling of the input and output are used. Notice 
that the only difference is the reversal of connections 
between links to reverse the phase of feedback energy. 
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sometimes attributed toMurphy's First Law of Physics, which 
declares that "If anything can go wrong, it will!" 

We mentioned in passing earlier that in some cases, the 
"feedback" approach might be more complicated than an al- 
ternative. Fig.3-6 shows this alternative. Fig. 3-6A shows 
the actual circuit of the "bridge neutralizing" idea, while 
the active part of the circuit appears in Fig. 3-6B. 

The idea here is to account for all feedback paths as legs 
of a bridge circuit, and then to balance the birdge so that no 
path exists between the input and the output of the amplifier 
except that feedback-free path provided by the electron stream 
within the tube. Stray capacitances involved are shown as 
dotted-line components and leads in Fig. 3-6A to identify their 
nature, and similarly in Fig. 3-6B, to show where they fit 
into the bridge. 

This circuit is neutralized by adjusting the value of capacitor 
Cy. The great advantage of this circuit over more common 
means of neutralization is that it may be adjusted with full 
power applied, under operating conditions, since the adjust- 
ment is far removed from the high-voltage area ofthe ampli- 
fier. More conventional feedback approaches usually may be 
adjusted safely only when power is off; feedback paths change 
when power is applied, so they are more difficult toadjust 
accurately. 

Even the bridge circuit is a feedback affair. Notice that the 
output is coupled to the input by two paths, and that these 
paths have opposite phase relationships. This is what bal- 
ances the bridge—but it also results in feedback cancella- 
tion. 


HOW CAN CW TRANSMITTERS BE PROPERLY KEYED? 


It might appear that keying of a CW transmitter is the sim- 
plest thing imaginable. All we need to do is to let the RF go 
out when we want a dit or a dah and hold it in the rest of the 
time. Unfortunately, it's not all that simple. The keying 
waveform cannot be a simple and direct "make and break," 
because this will produce a splattering type of interference 
known as "key clicks." Other things can go wrong, too. Fig. 
3-7 shows afew of the considerations involved in proper key- 
ing. All the lines in the drawing represent the waveform of 
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the letter 'V,"' sent in CW. The top line shows the way we 
normally think of the character. The squared-off sharp edges, 
though, will produce key clicks (which are exactly the same 
as "splatter" or "buckshot" on the phone bands), and clicks 
are illegal. This waveform, then, is too "hard" for use. 


(B) 


Figo 3-6. “Bridge” neutralization is the most common typeo 
Circuit A is the way it is normally drawn. Circuit B em- 
phasizes the balanced-bridge method of operation. When the 
ratio Cn/Cbp equals Cgp/Cin, the bridge is balancedand 
no output signal can get back to the input. An alternate 
viewpoint is that negative feedback through Cn balances 
positive feedback through Cgp. 
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Figo 3-7. Various factors in the keying of CW transmitters 
are illustrated here. The third and fourth lines from the 
top show the ideal case; the remaining three are to be a- 
voided. 


If all the edges are severly rounded, as shown on the second 
line, we won't have any key clicks, but it may be difficult 
to tell when adit ora dahends. This keying is too "soft;"! 
that is, ittendstorun together. The happy medium is some- 
thing in between, as shown onthethirdline. Edges are slightly 
rounded, but the transitions are sharp enough to be readily 
distinguishable. 

All three upper lines show only the keying waveform. The 
lower two show the actual RF output signal, both with the 
properly keyed waveform. If everything is working right, 
you will get the output shown on the fourth line. When the 
key is down, maximum RF goes out. When the key is up, 
output is nothing at all. 

Many rigs, though, suffer the ailment known as "backwave,"! 
which is shown on the bottom line. Maximum power still goes 
out when the key is down, but with the key up, power doesn't 


64 


drop to zero. It remains at an appreciable level. We've ex- 
aggerated it here, but if even as much as 1 to 10 watts goes 
out (from a 1000-watt rig) that's enough backwavetobe heard 
around the world! 


Radiation of this backwave occurs because of faulty keying- 
circuit design, andthe only cure isto bring the keying circuits 
up to standard. Iflow-power stages are keyed, then you must 
make sure that all stages from the keyed stage to the antenna 
cannot produce output when the key is up. 

One of the most certain cures for backwave radiation is the 
installation of ''full break-in" capability. This requires that 
the oscillator be inoperative whenever the key is up; without 
an RF generator in action, it's difficult to radiate RF. 
There's not room here to go into the details of achieving this 
(and it's beyond our scope anyhow) but most of the manuals 
have extensive information on break-in keying. 


HOW CAN WE USE HARMONICS PROPERLY? 


Earlier, we brought out that "sidebands" were not an un- 
mentionable ailment, but were actually necessary for any 
communication, 'Harmonics" fall into the same category. 
The only bad harmonics are those which we aren't controlling. 

The word "harmonic" as we use itinradio refers to a "har- 
monic frequency]' which is any frequency that is an even 
multiple of some other frequency. That is, if our original 
frequency happens to be 3500 kHz, then the first harmonic 
is the starting frequency times 1, or 3500 kHz itself; the 
second harmonic is 3500 times 2, or 7000 kHz; the third is 
3500 times 3, or 10.5 MHz; the fourth is 3500 times 4, or 
14 MHz, and so forth. 

The "official" textbook definition for a harmonic is "a fre- 
quency which.is an integral multiple of another frequency. 
The "other frequency" which we start with is known as the 
"fundamental,'' and the fundamental and the first harmonic 
are always the same frequency (any number times 1 equals 
itself!). 

It doesn't take much imagination to discover that any fre- 
quency must be a harmonic of at least one other frequency; 
the mathematicians in our midst have probably already con- 
cluded that any frequency is a harmonic of an infinite number 
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of lower frequencies. This should make it obvious that har- 
monics can't be all bad. 

As we use the term though, weusually think of our intended 
output frequency as the "fundamental," and the ''harmonics" 
‘we speak of are multiples ofthis intended output. These har- 
monics, since they are not the intended output, are usually 
undesirable, The Commission frowns upon them heavily; 
"excessive harmonic content for legal purposes amounts to 
just about any harmonic radiated at levels strong enough to be 
detected outside your shack. 

Inside a transmitter, we frequently generate harmonics de- 
liberately. Examples include VFOs running in the 160-meter 
band to produce final output at 7 or 14 MHz and the frequency- 
multiplier chains which make crystal control possibleat VHF 
and UHF. Togenerate these harmonics, we usually run high- 
er-than-normal grid bias levels on the amplifier stages in- 
volved and drive these stages rather heavily. Inaddition, we 
tune the output circuits to the frequency of the desired har- 
monic, rather than to the fundamental frequency at which the 
stage is driven. 

To avoid the generation of excessive harmonics where they 
arenot wanted, such as in final-amplifier stages of CW or 
AM transmitters, we can simply reverse these practices: 
run the minimum necessary grid bias, hold drive to the low- 
est level to get the desired output, andtake care that the out- 
put circuits are tuned to the fundamental rather thanthe har- 
monic frequency. 

These three simple precautions frequently are all that are 
necessary to control harmonics. Occasionally, though, even 
more steps are necessary. One excellent method of control 
is to use an antenna tuner between transmitter and antenna. 
This puts one or two (in some designs, three) more tuned 
circuits in the transmission line and helps reject any harmon- 
ic energy which may be sneaking out. 


Use of single-band dipole antennas (half-wave center-fed)pro- 
vides excellent reduction of even-order (2nd, 4th, 6th, etc.) 
harmonics since these frequencies see a very bad mismatch 
atthe antenna. It doesn't help much against the 3rd, 5th, 7th, 
etc., though, since odd-order harmonics see almost as good 
a match as does the fundamental frequency. Fortunately, 
most antenna tuners do an excellent job of reducing the 3rd 
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and higher harmonics, and if any harmonics get through, 
usually only the 2nd gives trouble. This means that using 
both a tuner and a single-band antenna will normally assure 
freedom from harmonics. 

Low-pass filters of the TVI-prevention type are frequently 
used in efforts to reduce harmonics, but their effectiveness 
is appreciable only inthe 10-meter band. Any low-pass filter 
which will pass 10 meters cannot reject the 2nd harmonic of 
20-meter energy—and usually won't do very wellat reducing 
2nd harmonics on 15 meters either! 

Experience has shownthat most hams having trouble with too 
many harmonics are also having trouble intuning their finals. 
A careful check on the final-amplifier tuning will go far toward 
eliminating the most frequent cause of citations for ''excessive 
harmonic radiation. "' 


HOW MANY TYPES OF OSCILLATORS ARE THERE? 


One ofthe FCC study questions (number 17 on the list) calls 
for a listing of "some commontypes" of oscillators employed 
in amateur equipment. To answer this one, you'll need to know 
the characteristics of several of the common oscillator cir- 
cuits, 

Any oscillator consists ofan amplifier together with a posi- 
tive feedback network to permit oscillation. Additionally, any 
oscillator used to generate RF at a fixed frequency contains 
a tuned circuit or "resonator" to control the frequency of os- 
cillation. 

Either an LC circuit or a quartz crystal may be used for 
frequency control. The two are equivalent in their action, 
but the crystal is much more precise (and much less easy to 
vary rapidly in frequency. Most of the common oscillator 
circuits come in either VFO or crystal varieties. 

The feedback network may be located almost anywhere in 
the circuit, so long as it manages to couple a part of the out- 
put back to the input. It may be in the plate circuit (Arm- 
strong TPTG), in the grid circuit, or in the cathode (Col- 
pitts, Hartley). 

Figs. 3-8 through 3-12 show some of the more common RF 
oscillators used in amateur equipment. In each of these, the 


67 


68 


ge 


dp an 


Figo. 3-8. Armstrong oscillator; feedback is via a 
*tickler® coil. 


Figo. 3-9. Tuned-plate tuned-grid oscillator feedback 
path runs through the grid-plate capacitance of tube. 
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Fig. 3-10. Miller crystal oscillator is simply a crystal 
version of TPTG circult (Fig. 3-9), with a crystal Te- 
placing the grid tank circuit. 


feedback network is indicated by heavy lines, while all are 
shown with link-caupled output from theresonators, In prac- 
tice many other types of output coupling are possible. We'll 
go into this ina little more detail after we examine the fea- 
tures of the various types. 

Fig. 3-8 shows the circuit known as the Armstrong oscilla- 
tor, which places the resonator inthe grid circuit and couples 
the-output back through a link or"'tickler coil" directly to the 
resonator. This was the original oscillator circuit, but is now 
used only in receiver circuits if at all. 

Fig, 3-9 shows the "tuned plate tuned grid" circuit, with 
separate resonators in the gridand plate circuits. Thefeed- 
back path here is through the tube itself; the circuit is iden- 
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Figo 3-11. The Hartley oscillator is always identified 
by a cathode tap on the coil. 
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Fig. 3-12. . Capacitance feedback circuit goes under vari-~ 


ous names, depending on the tuned-circuit arrangement. 
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Fig. 3-13. Circuit of a typical electron-coupled oscillator. 


tical to a triode amplifier without neutralization. To oscillate 
the plate circuit must be tuned to a frequency slightly differ- 
ent from that of the grid. Stability isn't the best; the circuit 
is now used only seldom in this form. 

It does, however, lead directly to the Miller crystal os- 
cillator circuit of Fig. 3-10;the only difference is that a cry- 
stal is used as the grid resonator. This circuit is extremely 
stable and is widely used at all HF and VHF frequencies. 

Fig, 3-11 shows the Hartley circuit; its identifying charac- 
teristic is the tapped resonator which provides feedback by 
means of the cathode circuit. This circuit is widely used in 
receivers and to a smaller extent in transmitters. 

Fig. 3-12 shows what is probably the most widely used os- 
cillator circuit now inexistence; it goes under three different 
names, which identify the three variants shown asA, B, and 
C, 

Differences in the three are exclusively in the resonator 
arrangements. The circuit-at A is known as the Colpitts os- 
cillator; it features a high-capacitance, low-inductance reson- 
ator, and can be designed for exceptionally precise tuning. 
That at B is calledthe Clapp oscillator; its resonator is high- 
inductance, low-capacitance, and is series-tuned rather than 
parallel-tuned. It has a good frequency stability but covers 
a wide tuning range with very small changes of capacitance. 
When a crystal is used as the resonator, the circuit at C re- 
sults. It is known variously as the grid-plate circuit and as 
the crystal Colpitts circuit. 


70 


B+ 


Fig. 3-14. The Franklin two-tube oscillator circuit uses 
extremely small coupling capacitors to eliminate frequency 
drifts. This circuit, if well made with solid construction, 
can outperform most crystal oscillators. Output, however, 
is exceptionally low. 


All of these circuits are illustrated with triode tubes. Any 
of them, however, canbe made "'electron-coupled" by treating 
the screen grid of the tetrode or apentode as the triode plate 
shown in these illustrations. Output can then be taken from 
the actual plate, with little effect upon oscillator operation. 
Fig. 3-13 shows acrystal Colpitts oscillator connected in thic 
nanner. The tuned circuit in the plate is adjusted for output 
at the third harmonic of the crystal frequency. This circuit 
is ideal for getting a 25-MHz output from 8.3-MHz crystals 
for 50-MHz transmitters. 

This brief listing doesn't by any means exhaust the list of 
possible oscillator circuits. Almost any means of getting 
feedback around an amplifier can be, and has been, used. 
One example is shown in Fig, 3-14. This is known as the 
"Franklin" oscillator; it consists of not one but two stages of 
amplification, connected in a loop which provides virtually 
total feedback. 
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CHAPTER 4 


Antennas, Transmission Lines & SWR 


So far, we have gone through 15 of the 51 questions on the 
FCC study list. Now we're turning our attention to a subject 
of general interest to everyone—antenna matching, trans- 
mission lines, and SWR. The study list includes seven ques- 
tions dealing directly with antenna adjustment, matching, and 
feeding. 


The specific questions we're looking at (numbers are from 


the FCC study list sequence) are: 
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2, Whatisa good indication that a high standing-wave ratio 
(SWR) is present on a transmission line? Where is the best 
point on a long transmission line to measure the SWR? 

4, What happens to the voltage, current, and impedance 
along a transmission line with SWR of 1? 

11. A transmission line that feeds an antenna has a power 
loss of 10 db. If 10 watts are delivered to the transmission 
line input, how much power is delivered to the antenna? 
List possible causes of power loss. How can the SWR of the 
line be made as low as possible? 

29, When can a low-pass filter be installed in a coaxial 
cable without causing a large power loss? 

30. How can the resonant frequency of an antenna be in- 
creased? Decreased? 

31, A 70-ohm half-wave antenna operating on a frequency 
of 7300 kHz is to be matchedtoa 50-ohm transmission line. 
Calculate the characteristic impedance of a quarter-wave 
matching section and the physical length of the antenna at the 
frequency given. What is the SWR between the antenna and 
transmission line without a matching section? 

45, What are the advantages and disadvantages of using the 
same antenna for receiving and transmitting? 
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RF energy flowing in a transmission line may be 
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Lines 


Line 1 shows the comparison for an unencumbered pipe. 


2 through 5 show what happens when the pipe suddenly gets 


C) 


smaller; some of the pressure turns around and pushes back 
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Four of the seven questions deal directly with 'SWR" while 
a fifth one requires a knowledge of SWR for its answer. There- 
fore, our first "general" question mustbe, ''What is standing- 
wave ratio?" Equally importantisthe second: 'What are the 
effects of SWR?" 

Twoof the questions deal with facets of "matching" between 
transmission line and antenna, A _ third "general" question, 
then, is: 'Howcan lines and antennas be matched?"’ To wrap 
up the discussion, and to permit us to deal with Questions 11 
and 29, we must ask: ''How are db related to power loss?" 
and Question 45 may then be examined without need to para- 
phase it. 

We thus have reduced the seven original questions to five, 
but the answers to those five will provide the tools necessary 
to answer the original seven as well as all other questions of 
a similar nature. 


SWR 
What Is Standing-Wave Ratio? 


To determine just what ''standing-wave ratio" (which we will 
henceforth abbreviate as SWR) is and howitaffects antenna 
performance, we must back up a bit to matters discussed in 
Chapter 1 and look at a "standing wave."’ Remember thata 
radio wave is propagated by the fields which result as current 
flows through an antenna. While we looked at only the field 
produced by a single point of current flow along the antenna, 
it takes little imagination to realize that every one of the points 
along the antenna wire has its own current flow at any instant, 
and that all of these currents are continually changing. 

The situation is very much like a long water pipe connected 
to a piston-type pump at one end, with the other end stuck in 
a pond. When the piston pushes, the water in the pipe is 
pushed away from the pump and toward the pond. When the 
piston pulls, the water is sucked back from the pond toward 
the pump. In a pump, of course, you have a valve which 
eliminates either the "push" or the "pull'' so that the water 
moves only one way. The propagation of RF energy downa 
feedline (or up a feedline) is more like a child blowing into 
straw and sucking liquid back up. 
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The top line (1) in Fig. 4-1 shows this situation, with the 
piston at the left of the illustration. The figures in the draw- 
ing represent "pounds of pressure" and the arrows indicate 
its direction, If the piston is capable of producing 10 pounds 
of pressure, the pipe at any instant will have points within 
it at which 10 pounds of pressure is moving away fromthe 
pump, other points at which a corresponding 10 pounds of 
pressure is moving toward the pump (pull), and halfway be- 
tween these points of opposing maximum pressure will be 
points at which the pressure is nothing at all, 0 pounds. 

Ifthe pipe is the same inside diameter all the way from the 
piston to the pond, this pattern will also be the same for the 
entire length of the pipe. However, ifwe run out of large pipe 
halfway to the pond and put in a reducing joint so that we can 
finish the run with smaller pipe, the picture changes, This 
is shown by lines 2 through 5 of Fig. 4-1. 


The piston can still produce 10 pounds of pressure; the 
smaller pipe, though, can accept only 7 pounds of this pres- 
sure. Theother3 pounds has to go somewhere; with no place 
left to go when it reaches the reducing joint, it has no choice 
except to turn around and come back to the piston. This means 
that each forward "push" ofthe pistonimparts up to 10 pounds 
of "forward" pressure tothe water inside the pipe, but up to 3 
pounds of "reflected" pressure which has gone the distance 
from the piston to the reducing joint and back again is buck- 
ing against the 'forward" pressure. 


At some points in the pipe, and at sometimes during the 
push-pull pumping cycle, both the "forward" and "reflected" 
pressure waves will be moving the same way. This is shown 
in line 4 of the drawing. When this happens, the two add to- 
gether to produce 13 pounds peak pressure. At other points 
in the pipe, and other times during the cycle, the two pres- 
sure waves are going in opposite directions. Line 2 shows 
this effect. When this occurs, the smaller cancels out part 
of the larger and only the difference is left, moving in the 
same direction as the larger of the two original waves. 


Any time that the two waves do not either completely add 
(as in line 4) or completely subtract (asin line 2), they modi- 
fy each otherinamore-complex manner. Lines 3 and 5 show 
two examples of this occurrence. Inline3, for example, the 
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piston is moving forward at maximum pressure. Between the 
face of the piston and the first zero-pressure point of the for- 
ward wave, thepressure decreases gradually from 10 pounds 
to zero. In the reflected wave, a zero-pressure point exists 
atthe piston face; from there reflected pressure climbs until 
it reaches a maximum of 3 pounds at the same place in the 
pipe as the forward-wave's zero-pressure point. 

It's fairly clear that at the piston face, the total pressure 
is the sum of 10 pounds forward and zero reverse, or 10 
pounds forward. At the forward wave's first zero-pressure 
point, the total pressure is zero forward plus 3 pounds re- 
flected, or 3 pounds reflected. The forward and reflected 
pressure waves are moving in opposite directions, so some- 
where between the piston face and the first zero-pressure point 
of the forward wave the total pressure within the pipe must 
pass through zero pounds, This happens when the forward 
and reflected waves are of exactly equal strength; at this 
point they cancel each other. 

As we examine the line on beyond the first total-pressure 
zero point we have just located, we will find that the forward 
wave is "pulling" at the same time that the reflected wave is 
"pushing" so that the result is a pond-toward-pump wave 
stronger than either wave alone. This total pond-toward- 
pump wave reaches its maximum pressure just before the re- 
flected wave drops to zero pressure, since the forward wave 
(whichis much stronger) is increasing inpressure more rapid- 
ly than the reflected wave is falling. This process continues 
the length of the line until the reducing joint is reached. 

Line 5 shows a similar process; the only difference is that 
we are looking at a difference point in the pump cycle, and 
so the push and pull relationships between the waves are re- 
versed. 

Now let's imagine that the pump is speededup tremendously 
so that we canno longer visualize the individual points of peak 
"push" and "pull" pressures. They will still interact just as 
we have seen, but when we attempt to measure pressure in- 
Side the pipe at any point we will get a reading which is the 
average or effective pressure at that point, and which is the 
product of many individual waveforms and their interactions. 

When we do this to the unencumbered pipe shown in line 1, 
we find an even 10 pounds of pressureall the way along the 
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pipe. Whenweattemptit with the restricted pipe shown in the 
other lines, however, wewillfindaneven7 pounds of pressure 
in the smaller pipe. In the larger pipe, though, we will find 
that the pressure reading depends upon the point at which we 
take our measurement. 


Right at the reducing joint, for instance, wewill read an even 
7 pounds just as in the smaller pipe. Aswe move back toward 
the pump from there, we willfind the pressure increasing until 
it reaches a maximum of about 13 pounds. Then it decreases 
until it gets back down to 7 pounds, and begins rising again. 
The pressure variations themselves, then, follow a "wave"! 
pattern in a cycle, butthis waveis not in motion; it's standing 
still. And for that reason, it's called a "standing wave." 


When we deal with RF rather than water in apipe, it's actu- 
ally alittle more complexthan that, but the principles are the 
same. The standing wave is created by interaction between 
the "forward" wave going from the transmitter or other source 
out to an intended destination, anda "reflected" wavewhich 
bounces back from any restriction or ''discontinuity" in the 
line. 


If the discontinuity is minor—that is, if almost all of the 
available energy can move past it in the "forward" direction 
and only a small portion is "reflected" back to the source— 
then the reflected wave will be very small compared to the 
incident wave and the resulting standing wave will also be 
small. If the discontinuity is large, so that much of the 
available energy is reflected and less continues in the ''for- 
ward direction, '' then the standing wave will be large. 


In the extreme example of an open-circuited or short-cir- 
cuited line, where the energy has no place to go and so must 
all be reflected, the standing wave will be as large as the 
available energy permits. Some method of measuring the 
strength or size of the standing wave is necessary, and that's 
where SWR comes in. 

A "small" standing wave will show very little variation be- 
tween the voltage at its "maximum" points and that at its''mini- 
mums." A large one, on the other hand, will show a large 
variation. The ratio between the voltage at a maximum and 
the voltage ata minimum thus provides a measure of the''size" 
of the standing wave. This ratio is our old friend SWR. 
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In the days of open-wire feeders, SWR was actually mea- 
sured in just this manner, usingan RF voltmeter. This pro- 
cedure was _ noted for its tendency to produce RF burns; the 
voltage at a maximum withahigh SWR can easily run into the 
kilovolts! 


Fortunately, SWRcanbe measured by simpler means. The 
"directional coupler" andits cousins are among the simplest. 
These are instruments which employ some special coupling 
and phasing circuitry to separate the "incident" and "reflected" 
components which are present at the same time in the same 
feedline, permitting you to measure each component indi- 
vidually. Since the ratio of forward energy to reflected en- 
ergy is what actually creates the standing wave, a knowledge 
of this ratio (called the "reflection coefficient" by the engin- 
eers) permits a calculation of the SWR. This calculation is 
made by special calibration of the dials on today's SWR met- 
ers, virtually all of which use the directional-coupling prin- 
ciple. 


We have seen, now, that anydiscontinuity in a line carrying 
RF energy creates reflections of the energy, and that these 
reflections create standing waves which are measured by SWRs. 
Before we move on to examine the effects of a high SWR, we 
should note that the most common cause of such discontinuities 
is an impedance mismatch between feedline and antenna, and 
improper installation or maintenance of the feedline runs this 
a close second in the "most common" list. If, on theother 
hand, a perfect impedance match is obtained, no reflections 
can result since no discontinuities exist. In this case the 
voltage, current, and energy will remain essentially con- 
stant at all points along the feedline, and the 'SWR'" will be 
1.0 since the "maximum" and "minimum" points are at the 
same voltage. 


We should also keep in mind that 1.0 is the best possible 
SWR. Anything less than 1.0 is not possible, because this 
would mean that more energy was being reflected than came 
up the line in the first place! Evenifa reading of "0.7" could 
be obtained, it would refer to the same SWR as would areading 
of ''1.4,'' except that you would be looking in the opposite 
direction along the line (from load to source rather than from 
source to load). 
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WHAT ARE THE EFFECTS OF SWR? 
Now that we know just what SWR amounts to, we are ready 


to examine its effects. The major effects of standing waves 
fall into three categories: 


Most important at the antenna is that a standing wave per- 
mits energy to radiate, and is in fact necessary to permit 


radiation, While this is a desirable effect at the antenna, 
it is most undesirable anywhere else. You wantthe energy 
to get to the antenna before it is radiated! Anything lost by 
radiation on the way is just that much power lost. 

The remaining two are two sides of the same coin. A high 
SWR means, by definition, that the voltage across the line 
has values at some points along the line which are much high- 
er than those at other points along the line, since SWR is simp- 
ly the ratio of these maximum and minimum voltages. When a 
high SWR exists, so do points of unexpectedly high RF volt- 
age. These high-voltage points can damage equipment and even 
injure you. 

At the points where voltage is high, current must be low, 
since the power put into the line remains constant. Similarly, 
where voltage is low, current is high. These high-current 
points also cause trouble. They can vastly increase your 
power losses in the line, since power lost is equal to current 
squared times resistance. If the current is 10 times as high 
as expected, the power lost is 100 times ereater. With an 
SWR of 10 to1, whichis not uncommon in badly matched lines, 
power losses can be expected to be around 100 times greater 
than expected. This high power loss produces excessive heat 
at the points of maximum current; the feedline may actually 
be melted as aresult. The current effects, then, produce 
both a loss of power and possible damage to equipment. 

The undesired radiation due directly to the presence of the 
standing wave, and the increased losses due to the current 
peaks within the line produced by the standing wave, are the 
two most major effects normally noted from a high SWR. 
Several other effects, which result from the abnormal voltage 
and current patterns caused by the SWR, are not so frequently 
attributed to standing waves—except by persons who really 
understand SWR. One of these is high power loss in low-pass 
filters. 

A filter, to perform its function properly, must be operated 
exactly as its designer intended. The function of a filter is to 
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introduce extreme power loss at certain frequencies, while 
having very low losses at other frequencies. Those frequencies 
lost in the filter are "filtered out" while those not affected be- 
come the normal output. To do this, the filter must "see" 
the proper impedance level at both its input and output ter- 
minals. If an improper impedance is present, the high-loss 
action may be moved into the intended operating range. 


When a transmission line has a high SWR, its voltage and 
current relationship is no longer the same as with a low SWR. 
With SWR of 1.0, the line's impedance is determined entire- 
ly by its physical construction. When SWR is greater than 1, 
the line impedance may be either greateror less thanits phys- 
ical construction would indicate. The limits of variation are 
set by the SWR. For instance, a 52-ohm feedline operated 
at an SWR of 1 would always appear to be 52 ohms. at an 
SWR of 2, it could be anywhere between 26 and 104 ohms; 
when SWR rises to 5, impedance can range from 10.4 up to 
260 ohms. 


The lower limit of impedance is equal to the "normal" line 
impedance divided by the SWR. The upper limit is the 'nor- 
mal" line impedance times the SWR. Whenever the SWR is 
greater than 2, the actual feedline impedance a filter may 
be looking at is anybody's guess. 


The points of maximum and minimum current are determined 
by the distance back toward the source from the discontinuity 
which is producing the standing wave. Every half-wave length 
back from the discontinuity, the conditions at the discontinuity 
are duplicated. If, then, the discontinuity consists of an im- 
pedance lower than the feedline impedance, the minimum im- 
pedance will be present every half-wavelength back along the 
line. On the other hand, if the discontinuity is a higher im- 
pedance, then the maximum impedance will be present at half- 
wave intervals. 


At the quarter-wavelength points which separate the half- 
wave positions, the opposite impedance condition exists. If 
a 75-ohm antenna is fed with 50-ohm line, this produces an 
SWR of 75/50 or 1.5. Every half-wavelength back from the 
antenna, the feedline will show 75 ohms (1.5 times 50 ohms) 
impedance. At quarter-wave points between these, the feed- 
line impedance will be 33.3 ohms (50 ohms divided by 1.5). 
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At either of these points, whether maximum or minimum 
the voltage and current are in phase with each other and the 
feedline represents a' pure resistance" load. Between these 
points, though, voltage and current are out of phase toa 
greater or lesser extent, and the feedline looks like either 
an inductor or a capacitor. Whenafilteris involved, thiscan 
be disastrous, since the unintentional connection of an extra 
coil or capacitor into its tuned circuits may pull them com- 
pletely out of adjustment. The result—excessively large pow- 
er loss. 

Even without filters in the act, the reactive impedance pre- 
sented toatransmitter's output jack by a line with only moder- 
ate SWR can lead to surprising effects. For example, atcer- 
tain critical line lengths en SWR as small es1.3 can show an 
impedance which cannot be matched by most pi-network output 
circuits, although pi-nets are popularly supposed to be capable 
of matching anything! This particular condition comes about 
when the line looks like a large coil; the "coil" cancels out all 
of the pi-net output capacitance and there's nothing left to tune 
with. The cure is either of two things: get the SWR down 
still lower (preferred, but often impossible), or extend the 
feedline by an additional 1/8 wavelength to escape the critical 
area. 

This effect of SWR is the reason so many authorities advise 
you to "prune" feedline length for best results. No installa- 
tion can hope to maintain anSWR of 1.0 for any length of time; 
coax deterioriates, joints may corrode, and the antenna 
feedpoint impedance itself will change withthe weather. Some 
SWR is always present. Atcritical line lengths it can produce 
startling effects. To avoid these, keep the feedline at multi- 
ples of 1/4 wavelength—or "prune" it for easiest transmitter 
adjustment. 

We have seen’ how high SWR affects power loss by increasing 
current density in the feedline. Surprisingly enough, power 
losses also affect the SWR despite many claims that the only 
factor affecting SWR is the impedance match. Remember that 
the SWR is simply the ratio of peak to null voltage or current 
in a standing wave, and that the standing wave itself is due to 
interaction between a forward wave and a reflected wave. 

At any point along a feedline, the forward wave is making 
its initial trip "up" the line. The reflected wave, however, 
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has not only come this far from the source, buthas also gone 
on out as far as the discontinuity, and then come back down the 
line that far again to get back! 

For instance, ifafeedline is 100 feetlong, then at the trans- 
mitter output connector the forward wave has gone onlya few 
inches (if that far) but the reflected wave has traveled 200 
feet. At the midpoint of the line, the forward wave has gone 
50 feet but the reflected wave has gone 150 feet—the same 
50 feet traversed by the forward wave, plus the remaining 
50 feet to the antenna, and then that last 50 feet back again in 
the opposite direction. And at the antenna, the forward wave 
has gone 100 feet but the reflected wave's journey is the same 
length. 

If no line losses existed, it would make no difference where 
on the line you looked: the SWR would be the same every- 
where. Butwith line losses involved, the reflected wave gets 
weaker as it travels further. As the reflected wave weakens, 
the SWR becomes lower. Itis quite possible to have an appar- 
ently perfect SWR atthe transmitter end of a coaxial cable and 
to have an infinite SWR at the other end of the line. In fact, 
serious VHF workers sometimes use several hundred feet of 
disconnected coax as a dummy load, since it has the best SWR 
available at UHF! 


The effect is particularly noticeable with very high SWR, 
since the line losses are increased by the high SWR. The 
high line losses then cut back the reflected wave, reducing 
the SWR more rapidly than would otherwise he the case. 

Fig. 4-2 shows how the effect works, using the same water- 
line and pump image with which we originally examined SWR 
in Fig. 4-1. Instead of a solid pipe, we're going to use a 
choked -down fire hose now. The fire hose is somewhat leaky, 
so that some of the pressure is lost along the way. This 
corresponds to the line losses we meet in a feedline. As in 
Fig. 4-1, the numbers are pounds of pressure and the arrows 
indicate direction. 


MATCHING 
How Can Lines And Antennas Be Matched? 


The cure to SWR problems is to "match" feedlines and an- 
tennas so that any major discontinuities are removed and SWR 
remains low. This canbe accomplished in many ways. Rather 
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than attempting to list in detail all of the ways in use, we'll 
refer you to any good antenna handbook for the gruesome 
details and here we will concentrate on the principles behind 
matching. 

The whole idea of matching is to eliminate discontinuities 
in the path of the RF, and thus do away with the reflected 
wave which results in a high SWR. The simplest way to do it, 
whenever it may be practical, is to choose an antenna which 
is inherently matched to the feedline you intend to use; then 
you have no discontinuity in the first place. This solution, 
though simple, is not often practical because antenna im- 
pedance varies with height, length, frequency, and even the 
weather. Aperfect match oneday maybe a mismatch the next. 

However, the simple half-wave dipole antenna and the folded 
dipole are both popular for "direct feed" use; the dipole is a 
fair match to either 52 or 75 ohm line while the folded dipole, 
as normally used, matches 300-ohm feedlines if operated at 
the proper height above ground. 

Both these antennas, though, are ''single-frequency" affairs 
insofar as perfect matching goes. If either is operated even 
slightly off its resonant frequency, it will show traces of 
either inductance or capacitance at the feedpoint—resulting 
in a discontinuity and resulting SWR. 

So for normal use across a band, even these require some 
type of matching. For multi-band use matching is even more 
necessary, and the matching question becomes as important 
as the antenna design itself when beams and other directional 
antennas are involved. 

Most matching networks operate indirectly; they eliminate 
the reflected wave from the feedline by giving it some place 
else to go. Thus the matching network itself usually has a 
rather high SWR; the feedline from transmitter to network, 
though, is essentially "flat" with SWR approaching 1.0. 

An excellent example of this type of action is the ''stub match" 
which is popular at VHF and finds some use atlower fre- 
quencies. This consists of a feedline section either shorted 
or open at the end (the ''stub"), connected in parallel with the 
regular feedline at some place near the discontinuity. The 
deliberately introduces a second discontinuity, but the length 
and tap point of the stub are both chosen so that this second 
discontinuity cancels the effects of the first. The wave reflected 
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from thefirst winds up harmlessly inthe stub, and the feedline 
itself is free of standing waves. 


One of the most popular matching devices is the 'quarter- 
wave transformer" which consists ofa section of feedline 1/4 
wave long, connected between the line and the antenna to be 
matched. 

Remember that no matter what the SWR on a feedline, the 
feedline impedance willbe resistive every quarter wavelength 
and will alternate from minimum to maximum and back to 
these points. If a 150-ohm is connected to a 75-ohm antenna, 
it will have an SWR of 2 (line impedance divided by, antenna 
impedance, or 150/75). Then 1/4 wavelength back from the 
antenna, it will have an impedance of 2 times 150, or 300 
ohms. 

Similarly, a 100-ohm line connected to a 300-ohm antenna 
has an SWR of 3, and1/4 wave back from the antenna the line 
impedance would be 100 divided by 3 or 33.33 ohms. 

Therefore, a 1/4-section wave of transmission line can be 
used as an impedance transformer to change the effective im- 
pedance of an antenna or a feedline to some new value. The 
new value is determined by the impedance of the 1/4-wave 
section. We could just as truthfully say that the impedance 
of the 1/4-wave section is determined by the transformation 
values needed, ifwe had some means of adjusting the built-in 
line impedance to any value we desired. If open-wire line is 
used, we have this means available, since its impedance is 
determined by the spacing between wires. Fora 1/4-wave 
section, we can build our own to whatever spacing we happen 
to need. 

The relationship of impedance in a 1/4-wave transformer 
section is: line/transformer equals transformer/antenna. If 
both the line and antenna impedances are known and we need 
to find out what impedance we need in the transformer, we 
can rearrange this into: 

transformer = ¥ line x antenna 


For example, a50-ohm line anda 70-ohm antenna give 3500, 
and the square root of 3500 is approximately 59.16. Since 
none of our values are accurate to 1% in ham radio, the closest- 
guess answer we would get by using 3600 instead of 3500, 
which is 60 ohms, wouldbe close enough for all practical pur- 
poses. 
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The 60-ohm transformer section, connected to a 70-ohm 
antenna, would have upon it an SWR of 7/6. At the other end 
of the transformer the impedance would be 60 divided by 7/6, 
or 360/7 ohms. This comes out to 51.4 ohms, which would 
be a negligible discontinuity for a 50-ohm line. If we left out 
the matching section, the SWR would be 7/5 or 1.2, witha 
50-ohm line connected to the 70-»ohm antenna. Use of the 
matching section has thus reduced the SWR to 51.4/50, or 
ii 028; 

We've already looked at the means of measuring SWR. It's 
worth noting at this point that most SWR measuringdevices 
are not sufficiently accurate to show you an SWR as small as 
1.028; many of them won't indicate anything smaller than 
1.05. Because of the effects of line loss in reducing appar- 
ent SWR, too, measurements aren't accurate unless they're 
taken as close to the antenna (or matching network) as you can 
get with the instruments. 


DECIBELS 


How Are db Related To Power Loss? 


All along we've been talking about power loss; now it's time 
to look at the term most frequently employed to measure power 
gains and losses—the ''decibel,'' which is abbreviated "db." 
It's named for Alexander Graham Bell, but the original unit 
turned out to be too large for convenient use, so the metric 
prefix ''deci'' (meaning ''one-tenth") was added tothe basic 
"bel." 

Like SWR, decibels measure a ratio rather than a quantity. 
This is what makes the unit so useful for gain and loss dis- 
cussions. Where we would have to multiply and divide, if we 
were working with the power-in/power-out ratio to measure 
power loss, the use of decibels lets us add and subtract in- 
stead. 

Although the formula for calculating db from the power ratio 
involves the use of log tables, you can be as accurate as is 
ever necessary if you just remember two pairsof numbers: 
a 3 db power gain (or loss) means a 2-time change, while 
a 10db power gain (or loss) means a 10-time change. That 
is, a feedline with 3 db loss will lose half the power put into 
it and deliver only the remaining half at the far end. The pow- 
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er put in is two times the power put out, in other words. If 
the line has 10 db loss, input must be 10 times output; to 
getany specific amountof power out, you must put in 10 times 
as much. 

Working with these definitions youcan determine the approx- 
imate power ratio for any other number of db. For instance, 
a 7 db loss is 3 db less than 10 db. Were it 10 db, power out 
would be 1/10 of power in. Since it is 3 db less than this, 
power out will be twice this, or 2 times 1/10, or 1/5 of pow- 
er in. This means that 7 db is a power ratio of 5 times. 

To get the ratio corresponding to 4 db we can first figure 
that for 7 db and then multiply it by 2 again; the result is 2 1/2 
times. Similarly, 1 db is 1-1/4 times. The exact formula, 
if you prefer to do things mathematically, for determining 
db is: decibels equals 10 x log (power 1/power 2). If power 1 
is the larger of the two power figures, the db will be positive 
and the result will represent a gain. If power 1 is smaller, 
the db will come out negative and the result will represent 
loss. The easiest way to keep all the numbers straight is to 
define power 1 and power 2 so that the db always come out posi- 
tive (turning the ratio upside down if necessary to do this); if 
you have measured or caculated the power you already know 
whether gain or loss is involved, and you can then make the 
final figure either positive or negative as required —positive 
for gain or negative for loss. 


The fact that db are expressed, by definition, in log terms 
is what permits us to add instead of multiply and subtract in- 
stead of divide. This, inturn, permits coax cables tobe rated 
for loss in"'db per foot" or ''db per hundred feet''; we can find 
out the total ratedloss of a feedline merely by multiplying its 
loss per foot in db times the length in feet, and the result is 
the db loss for the full line. 

As an example, suppose a coax line is rated at 2.5 db loss 
per 100 feet at 50 MHz (a not-unusual loss figure). If our 
coax is 200 feet long, we will have 5 db loss in it even with a 
perfect antenna match and SWRof 1. If we now put in 10 watts 
from a transmitter, what will we get at the antenna? 

From our 10 db and 3 db definitions, we know that we will 
get less than half, but more than 1/10, of the power through. 
Were the loss 6 db, the ratio would be 4 (2 times 2). By tak- 
ing 6 db from 10 db as we did earlier,we know thata4 db loss 


87 


would be a ratio of 21/2. This means that our antenna will get 
less than 4 watts (10 divided by 2 1/2) but more than 21/2 
watts (10 divided by 4). We may now either divide the 4 watts 
(4 db loss result) by 11/4 (1 db, from earlier example), 
or multiply the 2 1/2 watts by 1 1/4 (6 db and 1 db). 


In the first case, we get 16/5 or 3.2 watts as the power de- 
livered to the antenna. In the second, we get 25/8 or 3.125 
watts for an answer. The variation is because there is a trace 
of inaccuracy in the definition of 3 db (it's actually a ratio 
of 1.995 rather than 2) and when we apply it repeatedly, this 
inaccuracy begins to show up. 


If we apply the formula directly, we find that the power 
delivered is 0.316228 times the power put in; with 10 watts 
in, the antenna receives 3.16228 watts. While neither of our 
non-formula answers was exactly correct, both were close 
enough for all practical applications. On the FCC exam it's 
most likely that the questions will deal only with 3, 6, or 10 
db figures; they're more interested in determining that you 
know what db are and how to use them than in your ability to 
manipulate higher math! 


All of our examination of decibels so far has been strictly 
in connection with power ratios. The decibel measures only 
a power ratio, butifafew rather strict rules are followed it's 
possible to express power in terms of voltage or current rather 
thandirectly in watts. The major rule is that both voltage 
or current readings must be made with reference to the same 
impedance level, and the minor one is that voltage can be com- 
pared only with voltage and current only with current. 


When this is done, decibels can be used to express the 
resulting "voltage" or "current" ratios. The definitions of db 
then appear to change; actually, the definition stays the same 
but the way it's expressed changes. If you just remember 
that you're actually measuring power even when you're think- 
ing volts it will help keep things straight. For, you see, a 
change of either voltage or current in a circuit with its re- 
sistance fixed (the major rule) will change the other element, 
current, or voltage. And power is the product of voltage 
times current. If you double the voltage the current also 
doubles, and the power increases by four times. In any cir- 
cuit to which you can legitimately apply db for comparing 
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voltage or current, the power will change as the square of 
either voltage or current. 

A 2-time increase in voltage, then, produces a 4-time in- 
crease in power. And this 4-time increase in power is equal 
to 3 db plus 3 db, or 6 db. A 10-time increase in voltage 
produces a 100-time increase in power. This is 10 db plus 
10 db (10 x 10), or 20 db. 

When the comparison is made using voltage or current mea- 
surements, the resulting db figures must be multiplied by 2 
to be accurate. Twice the voltage is 6db, 10 times the voltage 
is 20 db. The formula becomes 20 times log (E1/E2) rather 
than 10 times log (P1/P2). But all in the world this is doing 
is converting your voltage measurement into a power figure, 
by automatically squaring the ratio! 

It's sometimes convenient to speak of "voltage db" or "pow- 
er db"; it hurts nothing to do so, so long as you remember 
that they're actually all the same decibels, and only the mea- 
surements differ. 


Decibels apply to many things besides transmission lines—— 
it just happens to be easier to see how they work here than 
anywhere else. Receiver noise figures in db are a compar- 
ison of power ratio between the smallest discernible signal 
and the inherent receiver noise. Antenna gain is a power 
ratio between the antenna being measured and one which has 
no gain at all. 


WHAT ARE THE ADVANTAGES AND DISADVANTAGES OF 
USING THE SAME ANTENNA FOR RECEIVING AND TRANS- 
MITTING? 


Both transmitters and receivers require antennas; this 
means that we have the choice of either providing separate 
antennas for receiving and transmitting, or using the same 
antenna for both purposes. Either choice has some advan- 
tages and disadvantages compared to the other; mostopera- 
tors have their own personal prejudices as well. 

First off, any antenna which will transmit a signal well will 
receive that same signalwell. Thisis the "law of reciprocity" 
and means that you'll pay no performance penalty by using 
the same antenna for both purposes. The advantages and dis- 
advantages, then, must lie in other areas. 
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The comparison is complicated by the fact that there are an- 
tennas and other antennas. It's hardto compare, for instance, 
a half-wave dipole or a mobile whip with a quad-yagi high- 
gain VHF beam array, or a UHF parabolic dish. Yet the 
choice between separate antennas and single-antenna opera- 
tion must be made for all these types. 

The major disadvantages of using the same antenna for both 
purposes are (1) it must be switched from receiver to trans- 
mitter and back again for every transmission, and (2) you 
normally can't listen while the transmitteris on. The first is 
usually overcome by an antenna relay or a T-R switch (elec- 
tronic rather than mechanical relay), andthe secondisn't usu- 
ally considered a disadvantage by very many folk. 


The advantages of a single antenna are (1) any gain present 
in the antenna is there for both receiving and transmitting 
and (2) less space, material, and money is required to erect 
only one. 

The first of these advantages is meaningless if your antenna 
has no gain in the first place, although it's important for the 
users of beams and other gain antennas. The second is influ- 
enced by the first—hanging up a second length of wire to in- 
stall a separate dipole antennaisfar less costly than erection 
of a second 60-foot parabolic dish complete with three-di- 
mensional rotation! 

For beginners, the advantages probably favor the use of sep- 
arate antennas. No switchingisnecessary, andthe use of sep- 
arate antennas permits on-the-air monitoring of the trans- 
mitted signal. Advanced workers, on the other hand, show 
strong tendencies to favor single-antenna installations with 
T-R or relay switching. 

It used to be said thatfull break-in operation on CW required 
a separate receiving antenna. The advent of differential-key- 
ed transmitter circuits and fast-acting T-R switches has sent 
this statement the way of the dodo bird; these days youcan use 
the same antenna for transmitter and receiver, and still hear 
a breaking station between your own dits. Most of the other 
traditional arguments for and against separate antennas have 
gone the same route. The four facts listed above are just about 
all that remains—except for personal pre judices—upon which 
to make the choice or answer the examination question. 
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CHAPTER 5 


Receivers 


Operation ofa ham station involves, basically, three major 
items of equipment—a transmitter, anantenna, anda receiver. 
The Commission's list of 51 suggested study questions con- 
tains six which deal directly with receiver operation, and they 
range from extremely detailed to extremely general. These 
questions (numbers are those assigned in the study list) are: 
9. How can receiver sensitivity and selectivity be im- 
proved? 

26. A superheterodyne receiver having an intermediate 
frequency of 455 kHz is to be adjusted to receive a 
signal on 3900 kHz. To whatfrequencies canthe high- 
frequency oscillator be set to give a beat signal at the 
intermediate frequency ? 

33. Define the shape factor of a crystal lattice band-pass 
filter. 

39. What function does a variable-mu tube perform in an 
RF amplifier stage in a receiver? 

41. How do noise limiters operate? 

48, How does automatic gain control operate? When can 
it be used for SSB operation? CW operation ? 

Most receivers, these days, are superhets, and it's pre- 
sumable thatin the absence of any qualification tothe contrary 
any question on the actual exam which deals with a receiver 
would assume that a superhet is involved. However, non- 
superhets are still used for several special purposes. There- 
fore, although most of our discussion concerns the superhet, 
we must also cover non-superhet receiver types as well. 

Following our practice of paraphrasing the FCC questions 
into more general questions covering (but not limited to) the 
same subject matter, let's re+-frame the receiver portion 
of the study guide. One of the first questions we ask must be, 
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DETECTOR 


Fig. 5-1. Block diagram of any superhet receiver. 


"How does a superhet differ from other receivers". The: 
answer to this will adequately distinguish between superhets 
and all others. 

Any superhet, whetheritbeafour-transistor broadcast band 
squawker or an "ultimate" digital-tuning communications job, 
can be broken into four major portions as shown in Fig. 5-1. 
These offer us our remaining four questions. 

Following the path any received signal must travel, we'll 
first ask, ''How does the front end operate?" Superhet Ques- 
tion 2 (Question 3 in this Chapter) will then be, "What does 
the IF strip do?" 

We'll follow this immediately witha look at filters in general— 
"Why filter ?" before our final theme, 'How does the detector 
section work?" 

Noise limiters, automatic gain control, and the like are all 
related in operation to the detector portions of most receivers, 
although AGC must also be involved with the IF strip. Since 
we will be looking at the receiver as a functioning entity (ex- 
cept for the audio section, whichwe will ignore at this point), 
you may have a bit of difficulty relating the more detailed 
parts of the FCC study list to our questions. 

To answer FCC Question 9, you'll need to know about the 
front endandthe IF strip. Question 26 involves only the front 
end. Question 33 is handledinthe discussion of filters. Ques- 
tion 39 involves both the front end and the IF even though the 
question as stated by the Commission would involve only the 
front end. Question 41 involves only the detector circuits, 
while Question 48 requires a knowledge of front end, IF, and 
detector for an adequate reply. 


HOW DOES A SUPERHET DIFFER FROM OTHER RECEIVERS? 


Unless you've worked your way up through a crystal set and 
a one-tube blooper (regenerative receiver to you young squirts) 
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you may not have a real appreciation of the superhet. That 
is, of course, unless you've served your time with a Sixer or 
Twoer and the constant hiss of their superregen circuits. 

The function of any receiver is to convert the RF energy 
transmitted upon some specific frequency into audio energy. 
The various types of receivers are all capable of perform- 
ing this function. Some, however, perform it more capably 
than others. 

All receivers can be compared with regard to their per- 
formance in three basic characteristics; sensitivity, selec- 
tivity, and stability. Sensitivity measures how weak a sig- 
nal may be received, selectivity measures how well undesired 
signals are rejected, and stability measures the receiver's 
capability for staying on the desired signal without readjust- 
ment. 

The lowly crystal set will perform the basic function of a 
receiver, provided that the RF energy carries amplitude 
modulation, but it ranks low in all three characteristics. 
Sensitivity is poor since all the audio energy produced must 
be supplied directly by the RF energy received. Selectivity 
is poor because only one or two tuned circuits are available 
to reject undesired stations. Stability is moderate, and is 
of little consequence since selectivity is so poor in the first 
place. 

The next step up from the crystal set (not counting such modi- 
fications as the one-tube grid-leak detector, whichis hardly 
ever encountered these days) is the regenerative receiver. 
This makesa single active element (tube or transistor) serve 
double duty as both an RF amplifier and a detector. 

Sensitivity is much greater and selectivity is also improved 
because of positive feedback, which increases the sharpness 
of the tuned circuits. Stability, however, decreases; almost 
any movement near a regen will require retuning. 

The regen has one capability lacking in the crystal set or 
other detector-only receivers: it can be adjusted to receive 
CW as well as AM by throwing the circuit into oscillation and 
mistuning it a kilocycle or so from a desired signal. The 
local oscillation and the incoming signal mix in the receiver 
to form an audible beat note. 

The addition of RF amplifier stages between the antenna and 
the detector improved the performance of non-regen receivers 
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and makes them able to compete with regenerative circuits; 
this is the TRF (tuned radio frequency) receiver which was 
used to a surprisingly great extent as recently as the 1940s. 

The regenerative receiver offered highest sensitivity per 
circuit element, though, and experiments aimed at increas- 
ing its sensitivity resulted in the superregenerative circuit . 
This circuit actually oscillates, but its oscillation is inter- 
rupted or "quenched" at a supersonic frequency. As a result, 
you are able to hear the actual electron noise in the antenna 
wire. Any more sensitivity than this would be unusable any- 
way. 

Unfortunately, bothselectivity and stability on a superregen 
are poor. In addition, this receiver simultaneously performs 
as a low-powered transmitter, interfering with all other re- 
ceivers in the area tuned to the same frequency. 

The superhet is a combination of the TRF, the regenerative 
circuit, and the crystal set. The block diagram of Fig. 5-1 
may be helpful here. Thefrontend consists of any RF stages, 
plus a mixer which is similar to a regenerative receiver ex- 
cept that it is adjusted to produce an "intermediate frequency" 
output instead of an audible beat note. Some front ends use 
only asingle tube ortransistor as the mixer and call it a "'con- 
verter," while other designs use separate oscillator and mixer 
elements. In these, the oscillator is called the "local oscil- 
lator" or "HF oscillator", andthe mixer is known as the mixer. 


The IF strip is almost identical to a TRF receiver, except 
that it is permanently tuned to a single frequency and does not 
include a detector. The IF frequency is usually relatively 
low; many circuits use a standard IF of 455 kHz, but higher 
frequencies in thel~-to 10-MHzrange are becoming more popu- 
lar. In general, the lower the frequency the greater the gain 
and selectivity, but we'll go into this in more detail later. 

The detector, for AM reception, is almost always a direct 
equivalent of the crystal set. For CW and SSB, product de- 
tectors (which are special types of mixers) are used. 

The superhet combines the best features of all the types of 
receivers, while escaping for: the most part their problems. 
It offers excellent sensitivity, and if properly designed can 
have extreme selectivity and stability as well. For this rea- 
son, it has displaced all other designs as the ''standard" re- 
ceiver circuit, unless factors such as simplicity or economy 
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happen to outweighperformance requirements in some special 
application such as the Sixer or Twoer! 


HOW DOES THE FRONT END OPERATE? 


The ''front end'' of a superhetis the key tothe entire receiver, 
and its operation contributes most noticeably to the operation 
of the receiver as a whole. Fig. 5-2 is a block diagram of a 
typical ''front end"; not all superhets include separate tubes 
for eachblock of Fig. 5-2, but all the functions are performed. 

The basic idea behind the superhet is that of "beating" or 
mixing two radio frequencies in order to produce a sum or 
difference frequency which carries all the modulation of both 
original frequencies. If one of the two original frequencies 
is the desired signal, and if the other is unmodulated and at 
a fixed distance in the spectrum from the first, then the dif- 
ference frequency will carry the modulation of the desired sig- 
nal, but will always be at a fixed frequency. This fixed or 
"intermediate" frequency is equal to the separation between 
the frequency of the desired signal and that of the unmodu- 
lated second signal. 

The functions shown in Fig. 5-2 break down as follows: 
The RF stages amplify the desired signal, thus increasing 
receiver sensitivity and provide some selectivity as well. The 
local oscillator provides the unmodulated second signal; this 
oscillator is always tuned to a frequency which is separated 
from that of the desired signal by the IF frequency, but may 
at times be tuned to a higher frequency than the signal (high- 
side injection) and at other times to a lower frequency than 
the signal (low-side injection). The mixer combines the two 
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Figo 5-2. Block diagram of superhet front-end functions. 
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RF signals to produce both the sum and difference frequen- 
cies; a tuned circuit in the mixer's output portion selects only 
the difference frequency for passage to the IF strip. 

Since the local oscillator may operate on either the high side 
or the low side of the incoming signal, it follows that a single 
setting of the oscillator frequency permits reception of incom- 
ing signals at two different frequencies. One of these is above 
the oscillator frequency by the amount of the IF; for it, the 
oscillator provides low-side injection. The other is below the 
oscillator frequency by the amount of the IF, where the oscil- 
lator provides high-side injection. 

One of these two frequencies represents the desired signal. 
The other repre sents an undesired response called the "image," 
andis one of the major disadvantages of the superhet receiver. 
The image is always separated from the desired signal by 
twice the intermediate frequency: If the IF is low to provide 
gain and selectivity easily, the image will be close to the de- 
sired signal. If the IF ismade higher to move the image away 
from the desired response (the more separated the two signals 
are, the more readily the image can be rejected by the tuned 
circuits in the RF stages), both gain and selectivity suffer. 

A standard IF frequency is 455 kHz. In a receiver using 
this IF, the local oscillator is always tuned 455 kHz away 
from the frequency to be received, and the images are always 
910 kHz away from the desired responses. 

Most BCB receivers operate with high-side injection to over- 
come tracking problems; this means that image response can 
be observed easily if youhave a high-powered BC station oper- 
ating above 1410 kHz near you. Simply tune to the low end of 
the band. At 500 kHz on the dial, a strong 1410-kHz signal 
will come through. At 690 kHz on the dial, powerful 1600- 
kHz signals can be heard. This is normal for a superhet. 

To receive an incoming signal at 7.2 MHz witha 455-kHz 
IF, you could set the local oscillator to either 6.745 MHz for 
low-side injection (with the image at 6.290 MHz) or 7.655 
MHz for high-side injection (with the image at 8.110 MHz). 

Both image frequencies are fairly close to the desired fre- 
quency in the previous example. By the time you move the 
operating frequency up to 10 meters or above, the image re- 
sponse may be justas strong as that tothedesired signal. For 
this reason, many receivers use a higher IF. Ifa highIF is 
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used for image control, and then converted to a lower IF for 
its advantages, the receiver is known as a"'double conver- 
sion" receiver. Incidentally, any receiver used withan out- 
board converter (as for VHF operation) is double conversion, 
since the outboard converter effectively becomes the receiver's 
front end. 

If the IF isproperly chosen, the image situation can be used 
to advantage. For instance, to receive signals on either 40 
or 80 meters, an IF of 1750 kHz can be chosen. This puts 
the images 3.5 MHz away from the desired response, and if 
the oscillator frequency is selected to give high-side injection 
on 80 and low-side on 40, then one response will cover 3.5 to 
4.0 MHz while the other response gets 7.0 to 7.5 MHz. No 
bandswitch is necessary! 

Similar reasoning led to the choice of 9 MHzasthe "standard" 
frequency for SSB sideband generation. Use of a 5-MHz con- 
version oscillator permitted output on either 80 or 20 meters 
without a bandswitch by using "image'' response techniques. 

The local oscillator is important to the superhet for a num- 
ber of reasons. Its frequency stability, for example, deter- 
mines the stability of the entire receiver, because if the local 
oscillator drifts the IF produced by a stable signal will drift 
out of the IF-strip passband. It must also be relatively low 
in noise modulation, since any modulation present on it will 
appear in the output together with that of the desired signal. 

The mixer must convert frequencies properly, but in the 
HF range its characteristics are not particularly important. 
At VHF, mixers must have low noise if full receiver sensi- 
tivity is to be used. At any frequency, they must be over- 
load-resistant to avoid interference, but most common cir- 
cuits resist overload to an acceptable extent. 

The RF stages may be omitted in inexpensive receivers; in 
this case their key functionis taken over by the mixer's tuned 
input circuit. This function is to select the desired frequency 
and reject as much as possible of the image response. 

If RF stages are present, they add selectivity so far as 
images and interference by cross-modulation and mixer over- 
load are concerned, but they have little effect upon adjacent- 
signal selectivity. That occurs in the IF strip. 

One major effect of the RF stages is to determine receiver 
sensitivity. Sensitivity is not the same as gain; sensitivity 
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measures the weakest signal which can be received while gain 
measures the amount of amplification available through the 
receiver. A high-gain receiver without an RF stage and with 
a noisy mixer can easily fill the room with amplified noise, 
but it won't get many weak signals. A unit having lower gain, 
but with adequate RF amplification to overcome any mixer 
noise, may appear to bedead—until you tune across a ''down- 
in-the-mud" signal and copy it. clearly. Because of the dif- 
ference between sensitivity and gain, simply counting the num- 
ber of RF stages isn't much of a guide. A single, good RF 
stage is better than three which contribute little but noise. 

If a receiver will show an increase in noise when an antenna 
is connected to it, its sensitivity is probably already at the 
usable limit. If no change can be detected, though, addition 
of another RF stage may prove profitable in increasing (and 
thus improving sensitivity. This may be done by adding a 
preselector, outboard. A "preselector" is nothing but an 
outboard RF stage (or stages). 

Notice that sensitivity can be affected only by the RF stages; 
gain, on the other hand, can be increased in the IF strip, or 
even after the audio is recovered from the signal. If no RF 
stage is present, it may be possible to modify the mixer's 
operation to improve sensitivity, but the addition of a pre- 
selector is a far better solution. 


WHAT DOES THE IF STRIP DO? 


The front end selects any desired signal frequency within its 
operating range and converts it to a single fixed intermediate 
frequency. The IF strip, then, accepts this intermediate fre- 
quency signal and amplifies it to a level suitable for the detec- 
tor circuits. At the same time, unwanted signals at adjacent 
frequencies are rejected. 

The IF strip thus serves two purposes of equal importance. 
It provides gain for the selected signal—notto be confused with 
sensitivity—and also provides the major part of the receiver's 
selectivity. 

Fig. 5-3 shows the arrangement of atypical 2-stage IF strip. 
Any specific receiver may have more or fewer stages of IF 
than this; the minimum is a single transformer, which pro- 
vides only selectivity and no gain, while the maximum normally 
encountered is three. The amplifier blocks in Fig. 5-3 may 
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be occupied by tubes, transistors, or any other active device 
(suchas field-effect transistors, etc.) whichcan provide gain. 
In general, the amplifiers provide the gain while the trans- 
formers provide the selectivity. 

Normally, most receivers incorporate automatic gain con- 
trol for AM signals at least. This is a feedback action which 
employs aDC voltage developed in the detector circuit to con- 
trol the gain of the IF strip and frequently the gain of the RF 
Stages as well. The result is that the receiver operates at 
maximum gain with weak signals (which develop little AGC 
voltage), while gain is automatically reduced by stronger 
Signals. 

AGC circuits are many and varied; we'll look at the means. 
by whichthe AGC voltage is developed a little later, and that's 
where most of the variety occurs. In the IF strip, the AGC 
acts only to reduce amplifier gain. 

Withtube-type circuits this is most often accomplished with 
"variable-mu" tubes. A variable-mu tube's grid is built with 
a graded grid-wire spacing. Some of the grid wires are close 
together while others are farther apart from each other. This 
permits a wider range of gain-control bias voltage to be applied, 
since the close-spaced parts of the grid reach cut-off with low 
bias values, but a large bias voltage is necessary to cut off 
the widely spaced portions. Where a "sharp cut-off" tube 
may gofrom full conduction to full cut-off with a 10-volt swing 
of grid voltage, a variable-mu" (sometimes called "remote 
cut-off") tube may require a 50-volt or greater swing. The 
variable-mu tube alsoacts as a linear amplifier over a greater 
range of control voltages. Thus, this tube acts as an elec- 
tronically-controlled gain controller. 

Although Fig. 5-3 shows the AGC voltage applied to bothamp- 
lifiers, in many receivers only a portion (or even none at all) 
of the AGC voltage is applied to the final IF amplifier stage. 


AGC CONTROL LINE 


Figo 5-3- Block diagram of a typical two-stage IF strip. 
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The purpose of this is to concentrate the control in the earlier 
stages and thus prevent any possible signal overload within 
the IF strip. Having the final IF tube operate at maximum 
gain at all times assures that even signals which are only 
moderate in strength will develop adequate control voltage in 
the AGC circuits. 

When AGC is applied to the RF stages, it is often left off of 
the first RF or "antenna" stage (or only partially applied, 
through a voltage-divider network). The reason for this is a 
bit different. For maximum sensitivity the first RF stage 
should always operate at maximum gain. Any reduction of 
gaininthis stage reduces overall receiver sensitivity. Some- 
times, though, partial application of AGC to the first stage 
is necessary in order to provide adequate control range. 

While Fig.5-3 shows transformers as the coupling elements 
betweeninput, amplifier stages, and output, a number of other 
devices may also be encountered. Transformers are, however, 
the most frequently used. They serve two purposes. The most 
obvious is that of coupling two stages together. The more im- 
portant, though, fromaperformance standpoint, is to provide 
the major partof the receiver's selectivity. In fact, some de- 
signs have used cascaded transformers, with 2 to 4 trans- 
formers between each amplifier stage, in order to increase 
selectivity. The number and quality of transformers used is 
affected by many factors. If, for instance, an auxiliary filter 
is used, fewer transformers are required since the filter 
provides selectivity enough, alone. 


WHY FILTER? 


In examining the previous question, we noted that the trans- 
formers in the IF strip (Fig. 5-3) provide the major part of 
a receiver's selectivity. If this is the case, why should any 
receiver require a filter? 

In the first place’, a receiver actually is a filter of sorts if 
it selects only the desired signal from the mass ofsignals 
available to it. And the transformers in an ordinary IF strip 
permit some frequencies to pass while rejecting others, which 
is the function of any filter. This is accomplished by means 
of the selectivity inherent in any tuned circuit. Each trans- 
former contains from 1 to 3 tuned circuits (depending upon the 
transformer design) and most contain 2. 
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The total number of tuned circuits in the IF strip thus depends 
upon the number of transformers. But the effect of these 
tuned circuits increases exponentially. That is, if a single 
transformer has acertain amount of selectivity, adding another 
transformer to double the number of tuned circuits will roughly 
double the selectivity. Adding justone more transformer will 
approximately double it again, so that three transformers 
provide four times the selectivity of one. This is the reason 
that receivers using several transformers between each IF 
amplifier stage have been designed; the transformer improve 
selectivity, but the gain obtainable by adding more tubes just 
wasn't needed. 

With any practical number of transformers, though, you 
eventually reach a limit of selectivity. And unfortunately, at 
the IF frequencies most often used, this limitis still a bit 
broad for today's crowded spectrum—and impossible for SSB. 

The selectivity provided by transformers depends upon the 
frequency-rejection characteristics of their tuned circuits. 
These, inturn, are composed of inductors and capacitors. 
It happens that inductors and capacitors can be combined in 
other types of circuits—and these circuits are of the kind 
generally known as filters. 

In the transformer, normally only two tuned circuits are in- 
volved, and each of these affects the operation of the other. 
Since the transformer also performs the function of coupling 
two stages together, the circuits are also affected by the charac- 
teristics of the stage supplying the signal and the loading of 
stage to which the signal is supplied. 

In the filter, however, the only function to be performed 
is that of frequency selection. The design of a filter circuit 
involves a choice of inductor and capacitor values so that no 
one component has unwanted effects upon the total filter opera- 
tion. Since the functions of frequency selection and of stage 
coupling are separated, the selectivity of a filter can be made 
much greater than that of a simple transformer. However, 
when a filter is composed of only inductors and capacitors, a 
limitis still reached; to achieve still greater selectivity, per- 
fect resistors and capacitors would be necessary, and these 
don't exist. 

This is the point at which crystal and "mechanical" filters 
enter the picture. Actually, all non-electrical filters which 
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areused to provide selectivity are mechanical intheir opera- 
tion, but the term "mechanical filter'' has come to mean a 
specific type of filter which depends upon characteristics of a 
machined rod. 


A crystal filter achieves performance superior to that of an 
LC filter for precisely the same reason that a crystal oscilla- 
tor is more stable than a VFO—its characteristics can be 
more precisely controlled. 


A quartz crystal, if ground to some rather critical dimen- 
sions, and in the proper shape, is mechanically resonant at 
several specific frequencies and is also mechanically "anti- 
resonant" at at leastone other frequency which is usually very 
close to one of the resonant frequencies. At the resonant fre- 
quencies, any vibration applied to one side of the crystal can 
pass through almost unchecked. At the anti-resonant fre- 
quency, the crystal offers a very high impedance to any sig- 
nal transfer through it. This characteristic is similar to the 
series and parallel resonances of a tuned circuit, but since 
it is mechanical rather than electrical in origin the effect is 
much more pronounced—in radioterms, the Qis muchhigher. 


A single quartz crystal can serve as a filter for any of its 
resonant frequencies if electrodes are held in contact with 
its surface so that the vibration can be induced electrically 
and can in turn reconvert the signal to electrical form. Such 
a filter has been a key part of CW receivers for many years, 
butits selectivity is far too great for most phone use. A good 
single-crystal filter can have a passband as narrow as 50 Hz 
at the half-power points and only a few hundred wide at the 
skirts of the response curve. 


Today's crystal filters used in SSB generators and select- 
able sideband receivers, though, use several crystals and 
match the resonant frequencies of some with the antiresonant 
frequencies of others to produce selectivity curves which are 
like that shown in Fig. 5-4. The passband (top) is essentially 
flat, so that the desired signal all comes through, while the 
rejection cuts in almost instantly at the edge of the passband 
to provide extreme rejection of all except the desired signal. 
By contrast, the typical transformer response is many times 
as wide atthe skirt (base) of the response curve as it is at the 
top. 
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The performance of any filter is measured by its "shape 
factor."' Shape factor is the ratio of the bandwidth which the 
filter will pass at two specified power levels. Unless both 
power levels are specified, the shape factor has no meaning. 
General usage appears to be that the 6 db and 60 db passband 
widths are compared, but some authorities prefer the 3 db 
points for the upper level. 

Whatthis meansis simply that the bandwidth a filter will pass 
depends upon how much rejection you require. If you consider 
any rejection enough, then even a 10% drop in signal level 
would be "rejection" of the signal. This, though, would per- 
mit an unwanted signal which was only 10% stronger than the 
desired signal to come through with the same strength. 

The "passband" we usually think of at the top of a filter's 
curve is that from the 6 db points. These are the two points, 
one at either side of the filter's center frequency, at which 
power transfer through the filter has dropped to one quarter 
of its maximum level. A 3 dbreduction in power is the smal- 
lest we can detect by ear; a 6 db reduction amounts to cutting 
the signal voltage in half. 

However, a 6 db rejection of a signal which is producing 
twice as much signal voltage as our desired signal will only 
make the undesired signal the same strength as the one we 
want. This shows that, in order to accomplish effective "'re- 
jection" of undesired signals, we must have much more than 
6 db rejection. We must, in fact, have whatever rejection it 
takes to first cut the undesired signal down to the same level 
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Fig. 5-4. The effect of a filter on improving IF selec - 
tivity is illustrated by this curve. 
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as the desired one, and then push that undesired signal on 
down to a level however far we like below the desired one. 


In practice, a thousand-to-one ratio is usually considered 
good enough. Thatis, an undesired signal is effectively re- 
jected if it can be reduced to one-one-thousandth the level of 
the desired one. Andit's seldom that an undesired signal will 
be more than 1000 times as strong as the signal we want in 
the first place. 


If the undesired signal is 1000 times as strong as the one 
we want, and we want to cut it down to 1/1000 the strength of 
our desired signal, then the total reduction we must make in 
its strengthis one million times. That's 1000 times to get it 
down to the same level and another 1000 times to get it only a 
thousandth as strong as that level. 


In terms of decibels, that's 60 db of power loss. While in 
many cases far less than 60 db of rejection is necessary, this 
represents a severe case which is still quite possible to meet 
in practice, and so the general usage calls for use of the 60 
db point as the wider passbandin the calculation of shape fac- 
L012 

A typical shape factor for a receiver without a filter (except 
for its transformers) might be 50. This would mean that the 
60 db bandwidth is 50 times as wide as the 6 db figure. If 
"bandwidth" is quoted as 10 kHz at 6 db, then a band 500-kHz 
wide would have less than 60 db rejection. The 60 db rejec- 
tion would not be present within this much larger passband; 
you would naturally consider such selectivity poor since strong 
signals several hundred kHz away from the weak one you're 
trying to get would appear stronger than the weak one. 


Extremely good filters, however, suchas the mechanical 
types, may have shape factors as good as 1.8. If the 6 db 
passband of such a filter is 10 kHz, then the passband at the 
60 db rejection points would be only 18 kHz. This means that 
an interfering signal would have tobe within 18 kHz of the de- 
sired signal in order to escape the full rejection. While the 
6 db passbands in both cases were the same, the effect in 
operationis quite different. This is why filter effectiveness 
is measured by "shape factor.'' Most goodfilters havea shape 
factor smaller than3; nodevice can havea shape factor smaller 
than 1, and even 1 itself is impossible in practice. 
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HOW DOES THE DETECTOR SECTION WORK? 


The purpose of the entire receiver up to the detector section 
is merely to select a single signal out of all that are floating 
round and amplify it up to usable strength for the detector. 
The detector itself does the major job, of converting RF to 
audio energy. As we've already seen, in simple receivers 
only the detector section is present. 

The detector itself operates upon a mixing principle. A 
product detector requires signals from a beat-frequency oscil- 
lator to mix with the IF strip's output, while a diode detector 
for AM usesthe carrier portion of the incoming signal to mix 
with the sidebands. We've already examined this process in 
earlier Chapters. What we'll examine now, then, are the 
other functions accomplished in this part of a typical super- 
het. We've already met AGC in the IF strip and learned that 
a control voltage determines the gain of the amplifiers. This 
control voltage is developed in the detector section. 

Communications receivers must frequently operate in the 
presence of strong impulse "noise' such as that produced by 
automobile ignition systems. This noise can be eliminated 
or at least greatly reduced, and this action too.is done in the 
detector section. 

Let's look at AGC first. And to keep things simple, let's 
restrict the operation to AM with a diode detector. After we 
see how the system works, then we'll examine AGC and SSB/ 
CW. 

When we're receiving AM, theincoming signal has a carrier 
which was essentially of constant strength when it left the trans- 
mitter. Fading and other transmission effects may cause its 
strength to change en route to the receiver, but we know that 
it was originally constant over a period of several tenths of a 
second. 

Inthe process of mixing the carrier and its sidebands to re- 
cover the audio information, the detector produces a DC volt- 
age which is proportional to the strength of the carrier. We 
can pass this DC voltage (which has the audio superimposed 
upon it) through a low-pass filter to eliminate the audio, and 
we have a voltage which indicates the signal strength. 

Wecould apply this voltage directly to the IF and RF ampli- 
fiers as AGC control voltage, and some receiver designs do. 
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The disadvantage of this approach is that any signal will then 
cut back the gain of the amplifier stages, even if the signal is 
almost unreadable weak. To avoid this disadvantage, most 
designs used ''delayed'' AGC. The delay is not in time, but 
in voltage; until the voltage produced by thedetector is greater 
than some "threshold" level, no AGC control voltage is applied 
and the amplifier stages run wide open. After a signal is strong 
enough to produce a detector voltage above the threshold point, 
AGC is applied to reduce gain. 


Notice that the only function of the DC voltage coming out of 
the AM detector is to give us a feedback signal which is pro- 
portional to the actual RF signal strength. If we can get such 
a feedback signal from any other source, the AM detector 
isn't necessary. When we're receiving CW or SSB, neither 
of which uses the AM detector, we obtain the feedback signal 
by taking a part of the audio itself and rectifying it. After 
rectifyingit, we filter off the remaining audio hash, andpresto! 
We have our desired AGC control signal. 


When receivingSSB, or CW, weadda few extras to the sys- 
tem. For instance, if signal strength increases suddenly we 
want the AGC system to react rapidly. This happens at the 
beginning of each"'dit" or "dah" during CW reception, or with 
each syllable when listening to SSB. 

When no signal is coming in, we want gain to be maximum. 
However, wedon't want the gain to goup rapidly between ''dits" 
and ''dahs" in CW, or between syllables in SSB, because if it 
did we would be listeningtoa signal apparently buried innoise. 
The noise would be the normal background, but the receiver 
would have muchmore gainthen than when signals were pres- 
ent. For this reason, we want the gain to decrease rapidly 
when a signal appears, but to increase relatively slowly when 
the signal goes away. This will hold down background mud 
while preventing unpleasant "thumps" and ''bangs." 


AGC systems for use with CW and SSB include this "fast 
attack, slow decay'' characteristic as a part of their design. 
It is normally switched outwhenAM operation is chosen. Fig. 
5-5 shows one way of achieving this kind of action. 


Whataboutnoise limiting? Like AGC, noise limiters operate 
withacontrol signal which is usually derived from the source 
as the AGC controlsignal. This signal indicates average level 
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at any instant. Any modulation or audio on the signal is in the 
form of variations above and below the average level, but these 
are limited in the amount of variation by the percentage of 
modulation on the original signal and inthe speed oftheir vari- 
ation by the upper-frequency limit imposed on the audio be- 
fore transmission. 

Impulse noise, on the other hand, is unaffected by either 
of these limits. It may be—and usually is— much stronger 
than the signal and may swing much more rapidly. Since it 
does differ from the modulation on our desired signal in both 
these key characteristics, either characteristic may be used 
to distinguish between signal modulation and impulse noise in 
order to reject the noise and pass only the desired modulation. 

If amplitude is the characteristic chosen to operate the re- 
jection circuit, the resulting circuit maybe called a "clipper" 
or a"limiter."' If the speed of variation is the characteristic 
chosen to distinguish, the circuit may be called a "silencer." 
These labels are not strict, however. For example, the 
"rate of change" limiter circuitoperates, asitsnameimplies, 


FROM DETECTOR AGC LINE 


om fel og LO Be Ph id Maes he Soe oe 


Fig. 5-5. A diode in series with the AGC line provides 
fast-attack slow-decay action for use with SSB and CW sig- 
nals. Waveforms produced by the CW character "R® illustrate 
the action. When the detector voltage goes negative at 
the start of each code element, capacitor voltage follows 
almost instantly. When the detector voltage goes positive, 
the diode cuts off and the only discharge path for the 
capacitor is the high-value resistor shunting it. This 
permits the AGC control voltage to rise toward ground lev- 
el, but much more slowly. Receiver gain is restored even- 
tually, but not before the next code element arrives. In 
pauses between words or sentences, however, full gain is 
available. 
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upon the rate of change in signal, yet was termed a limiter. 
The Lamb noise silencer, similarly, operates upon ampli- 
tude of the signal yet is called a silencer. 

Amplitude-limiting circuits, or clippers, operate by set- 
ting anarbitrary limit for audio output and restricting all audio 
to that limit or less. An impulse noise pulse is permitted to 
reach the limit, but not to exceed it. The limit is derived 
from the DC voltage, which in turn is derived from signal 
strength, so that the limit always bears a fixed relationship 
to the average signal strength. Normally, the limit is set at 
two times average signal strength. Thatis, the audio is per- 
mitted to rise to a level twice as great as the zero-audio 
carrier-only voltage. This permits reception of 100-percent 
modulated signals without distortion, but cuts off noise pulses 
at the 100-percent-modulation level. 

This approach works primarily because noise pulses are so 
brief compared to the desired audio signals, and cannot mask 
the desired audio unless they are many times stronger—which, 
in fact, they normally are. By simply cutting the noise back 
to the same level as the signal, the signal is given a fighting 
chance. 

Rate-of-change devices operate differently. The control 
voltage in a rate-of-change device is derived from the audio 
signal rather than from the carrier and is filtered through a 
resistor-capacitor network which permits the control voltage 
to follow the audio signal level at frequencies below about 3 
kHz or so. This is unlike the filtering for clippers or for 
AGC, whereno audio is permitted to remain on the econtrol- 
voltage line. 

The audio is applied to one side of a switching diode and the 
control voltage to the other side. Polarity of the diode and 
relative strengths of audio and control voltage are chosen so 
that the diode normally conducts, permitting the audio to go 
straight through it. That is, the audio voltage is normally 
slightly less than the control voltage level and the diode is 
connected in such a way that under this condition it is con- 
ducting. 

When a rapid-rise noise pulse arrives, the audio voltage 
goes up sharply but the filtered control voltage cannot, be- 
cause the filter limits its frequency response to about 3 kHz. 
The diode is then reverse-biased and turns off, blocking the 
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pathfrominputto output of the circuit. Audio output is main- 
tained at the same level by the control voltage filter for the 
duration of the pulse. When the pulse disappears, the control 
voltage levelis again higher than the audio level and the diode 
turns ''on'"' again. This action effectively punches the noise 
pulse out of the signal. 

Figs. 5-6 and 5-7 show how these circuits operate. Fig. 5-6 
shows a typical half-wave clipper circuit together with the 
waveforms at appropriate points in the circuit. A full-wave 
clipper consists of two such circuits back to back so that both 
sides of the incoming signal are clipped; in many detector 
circuits the second clipper is unnecessary since the detector 
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Fig. 5-6. Aclipping-type limiter uses a diode as switch- 


ing clamp to prevent the signal voltage from rising above 
limit level. No action is taken upon noise pulses which 
fail to reach the limit level. While "stumps’ of noise 
pulses remain, their effect is far less than that of the 
original pulses. 
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Fig. 5-7. A rate-of-change type of limiter uses a diode 
switch to open the audio path whenever a noise pulse is 
present. Stumps as well as peaks of noise pulses are re- 
moved. Major difference in operation from Figo 5-6 Is the 
characteristic of control-voltage filter. 


diode itself is an effective half-wave clipper in one direction. 
Fig. 5-7 shows a typical rate-of-change limiter circuit together 
with its key waveforms. The same input signal is assumed for 


both Fig.5-6 and Fig.5-7, so that the outputs may be directly 
compared. 
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CHAPTER 6 


Transmitter Operation 


Since an understanding of the questions dealing with trans- 
mitter operation is vital to successfully completing the ex- 
amination, we consider these five here. The appropriate 
questions from the FCC study list are: 

19. When is an amplifier operating Class A? Class B? 

Class C? 

20. What happens to even-order products in linear RF 

amplifiers ? 

23. How are bypass capacitors used? How should their 

impedance compare to the elements they shunt ? 

24, How can TVI caused by cross-modulation be remedied ? 

27. What circuit factors affect the peak envelope power 

to a transmitter. 

The first question deals with the classification of ampli- 
fiers. Let's rephrase it into the general inquiry. 'Howare 
amplifiers classified ?'' The second deals with the action of 
evenorder products in RF linear amplifiers. The more gen- 
eral view is, ''What are 'products' in amplifiers, and what 
happens to them?" The third deals with bypass capacitors 
and their impedance. Let's make it a little more general 
by asking, 'How can signals on the same wire be separated?" 

Number four asks specifically about TVI caused by cross- 
modulation. Let's generalize it by asking, ''What is cross- 
modulation and how can it be prevented?'' Finally, instead 
of the detailed discussion of circuit factors affecting peak 
envelope power, let's find out ''What determines the power 
output of a transmitter under any conditions ?" 


HOW ARE AMPLIFIERS CLASSIFIED? 


Maybe this discussion should begin by asking, "What is an 
amplifier,"' because many different kinds of devices can am- 
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plify—and an amplifier is anything that amplifies. For our 
purposes, though, we can limit the definitionof "amplifier" 
to"'a circuit using either vacuum tubes or transistors which 
accepts as the input an electrical signal and produces as the 
output a second electrical signal which is at every instant 
proportional to the input signal. 

You might say that's not much of a limit, since the output 
signal can be either greater or less than the input signal, 
but some "'amplifiers' produce a voltage loss rather than a 
gain, and a definition must be broad enough to encompass 
these, too. 

One way of classifying the things fenced in by this defi- 
nition would be as 'vacuum-tube" or "transistor" ampli- 
fiers, and youwill frequently find these classifications used. 
Another way would be by the kind of signals handled; this 
would include such classifications as "'audio,'' "RF,'' "DC," 
"IF," and "AC" amplifiers. This method of classification, 
also, is popular. 

As it happens, though, a system of classification based 
upon the amplifier's operating conditions can cut across all 
other classification systems. This system, which parcels 
all amplifiers into either Class A, Class B, or Class C, 
has a unique advantage in that the A, B, or C classification 
tells you quite a bit about the amplifier's signal-handling 
characteristics. 

If only one such system were in generaluse we would have 
little to discuss here. Unfortunately, a number of systems— 
all differing in at least one detail from all the rest—use the 
same A, B, C classifications. If you have learned only one 
of these, you may find that you're not talking about thesame 
thing as the other guy even though you're using the same 
words. 

For instance, a Class A amplifier is sometimes defined 
as an amplifier in which current flow in the output circuit 
remains constant during the operating cycle. This definition 
cannot be correct— if current flow remained constant at all 
times, no signal could be developed! If this definition is 
modified to read "average current flow," then it's OK. 

But other authorities define a Class A amplifier as one in 
which current in the output circuit is never cut off during 
the operating cycle. This definition, too, is OK but it isn't 
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consistent with the first. That's natural, since we're deal- 
ing with two different classifications systems that just 
happen to use the same names. Still another definition fre- 
quently used for a Class A amplifier is ''one in which gain 
remains constant"; a fourth requires that the amplifier be 
distortion-free. 

Before we get completely confused, let's turn and look at 
definitions for Class B. The system which defines Class A 
operation as "constant average current" defines Class B as 
"average current varying.''’ Those who call Class A the 
"current never cut off" class refer to Class B as the type 
where the "current is cut off for less than half the opera- 
ting cycle.'' Those who call Class A ''constant gain" calls 
Class B "varying gain,'' and those who call Class A "dis- 
tortion-free" call Class B "low-distortion." 

How about Class C? In order, it may be defined as "ex- 
treme current variation,"’ "cut off for more than half the 
cycle,'' "all-or-none gain," or "highly distorted.'' With 
all these different sets of definitions running around, how 
are we ever going to come up with an answer which we can 
consider to be the right answer—or can we? The answer 
is yes, we can, because all of these various. systems of 
classification are attempting to describe the same general 
concepts, and the apparent differences are more in the words 
chosen to describe the concepts than in the concepts them- 
selves. 

Before we get into our attempt to bridge this particular 
communications gap—and it is a major gap—let's take note 
of a couple of facts. All of the four systems we've sketched 
out use the A, B, orC letters to indicate "pure" cases, and 
in practice most amplifiers fall somewhere in between. This 
is particularly true of the boundaries between Class A and 
Class B, and as a result most amplifiers we meet in real 
life are known as Class AB amplifiers. These are a little 
of both, and so are exclusively neither! 

The concept of a Class A amplifier is that of an "ideal" 
amplifier in which any input signal is faithfully reproduced 
at the output, without distortion. In a perfect amplifier, 
this normally would require that currentikeep flowing through- 
out the entire operating cycle (since all devices are imper- 
fect at the extreme limits of their operating ranges, and to 
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be perfect we would have to avoid the imperfect regions), 
and that the average current flow be constant (if the input 
signal is symmetrical). Gain would also be constant. Thus 
all the definitions merge into one—for a perfect amplifier. 

The concept of Class B operation is again based upon a per- 
fect circuit, in which nonlinearity would be impossible. If 
the current is biased precisely to the point at which output- 
circuit flow ceases, then any nositive-going input signal would 
permit current flow in the output circuit. Since we defined 
the circuit as "perfect" and without any nonlinearities, as 
soon as current flow is permitted the amplifier is producing 
its normal gain. This in turn makes the output signal a rep- 
lica of the input signal—but only for the half-cycle of input 
signal which permits current flow. 

Current flow in this arrangement is for exactly one-haif 
of the operating cycle. As aresult, average current flow 
would fluctuate with the signal level—stronger signals would 
draw more current, onthe average, than weaker ones. Gain 
would vary from zero when the amplifier is cut off to normal 
when it is turned on. And distortion would be 50%; none when 
the amplifier was on, but total when it was cut off. 

In practice, of course, it's almost impossible to keep the 
bias at the exact point to permit current flow for precisely 
one-half cycle. Even were it easy, tubes and transistors 
have such high distortion at low current that proper operation 
would be difficult. For this reason, in Class Bdesigns bias 
is set so that current flows for more than half a cycle, but 
less than a full cycle. In some designs it always flows, but 
varies widely overacycle;boththese variations are, tech- 
nically, Class AB operation. 

Finally, we have the concept of Class C operation. One 
authority has described this, very accurately, as "switching" 
operation. The tube or transistor is completely cut off most 
of the time, and is ''switched" on by the most positive peaks 
of the input signal. When on, it acts like a closed switch 
and conducts as heavily as it can. The output is a series 
of current pulses, each corresponding with the tip of an in- 
put signal. 

Current flow in this circuit is appreciably less than half 
an operating cycle, and is either all or nothing at all. Gain, 
similarly, is 'infinite'' when the amplifier is on, and zero 
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when it is off. Distortion is almost total; those input signals 
which are strong enough to turn it on turn it all the way on, 
and those which aren't, leave it off. 

You may notice that in the description of these three con- 
cepts we haven't mentioned "grid current," although quite 
afew persons tend to believe that the flow of grid current 
is connected directly with the A, B, or C classification of 
an amplifier. They use the condition of "no grid current" 
to define Class A, and "grid current" to define Class C, then 
defining Class B as the region between A and C. 

However, itis quite possible to design a Class A ampli- 
fier in which grid current is permitted to flow, and quite 
a few Class C circuits without grid current have been built 
since the high-permeance TV horizontal -output tubes become 
popular. Presence or absence of grid current is normally 
indicated by a subscript on the classification, such as ABj 
or C2; the "1" indicatesno gridcurrent, while '2" shows 
that grid current flows. 

In actual fact, though, the grid-current condition has no- 
thing to do with the operating classification. Class A ampli- 
fiers may be A,, or Ay, and Class C circuits may be either 
Ci or C2. Theeffective classification criterion is the dura- 
tion of current flow in the output circuit. 

Class A amplifiers are used almost exclusively when low- 
distortion amplification is needed, as in audio circuits or 
low-level SSB generation. Most receiver circuits are Class 
A. 

Class AB or B amplifiers are widely used to deliver moder- 
ate amounts of power with limited distortion. The audio output 
stages of many PA amplifiers and almost all hi-fi installa- 
tions operate in Class AB. Similarly, almost all SSB final 
linears are either AB or B. In audio, use of Class AB or B 
requires a balanced (push-pull) circuit in order to cancel out 
the inherent distortion. When RF isbeing amplified, distor- 
tion of individual cycles is not important so long as the en- 
velope of the signal is faithfully reproduced. A properly 
adjusted amplifier will do this, and so an unbalanced circuit 
may be used. 

Class C amplifiers are limited to RF power amplification 
in which envelope distortion is not important. This, in turn, 
prohibits their use for SSB or AM amplifiers, although if 
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Fig. 6-1. Transfer curves (with idealized transfer char- 
acteristic) illustrate differences between Classes A, B, 
and C. Actual amplifiers never hdve a sharp break at cut-—- 
off, so the ideal operation shown here can never be real- 
ized. Practical amplifiers do come close to this, however. 
For illustration, all input signals are the same amplitude. 


Class C circuits are normally overdriven to achieve full 
efficiency. 
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high-level modulation is employed all the RF stages of an 
AM transmitter may operate Class C since modulation is 
applied only at the output of the final stage. The major ad- 
vantage of the Class C amplifier is its relative efficiency; 
Class A amplifiers normally produce about 1 watt out for 
every 4 watts DC input. Class B circuits may produce as 
much as 2 watts out for the same 4 watts DC input, but Class 
C circuits usually produce at least 3 watts and sometimes 
even more for every 4 watts in. 


WHAT ARE “‘PRODUCTS’’ IN AMPLIFIERS, AND WHAT 
HAPPENS TO THEM? 

The word ''Product" has become a magic word inham radio. 
We have "product detectors" and "distortion products," as 
well as many others. But what are these "products" we keep 
talking about? Earlier, we noted that the application of two 
signals to any nonlinear element resulted in the production 
of, not only the original signals, but new signals made up 
of the sum and difference frequencies of the originals. This 
"mixing"! action is the basis of all kinds of modulation, as 
well as of the superhet receiver and all common SSB gener- 
ators. 

A "product" is any output signalfrom such a mixing action. 
The original signals are''first-order'' products, since each 
represents "one" times itself plus or minus "zero" times 
the other. The coefficients ''one'' and "zero" by which the 
input signals are multiplied produce a sum or difference of 
"one" whether they are added or subtracted, and this sum 
or difference represents the "order" of the product. 

Similarly, the output signal representing the sum of the 
two original frequencies is a "second-order" product, since 
itis "one" times signal Fl, plus "one" times signal F2, and 
one and one make two. The difference signal, on the other 
hand, is a ''zero-order'' product, since one minus one is 


zero. 

Keep in mind that the same nonlinear element which per- 
mits mixing of two input signals also permits just one signal 
to mix with itself to produce a second-order product which 
is the second harmonic of the single input signal. This 
second-order product can then mix with the original signal 
to produce a third-order product (the third harmonic), and 
this process can continue in an infinite loop so long as the 
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Fig. 6-2. Difference products for first 12 harmonics of 
two tones are shown here. 


new harmonics which are generated by each step are strong 
enough to be detected. 

What this means, then, is that in any mixing circuit you 
will never have just two frequencies with which to deal. In 
addition to the two frequencies you put in yourself, you have 
many harmonics of each which are generated by mixing action 
inside the circuit. Each of these harmonics can mix with 
each and every other signal present in the circuit, to pro- 
duce a near-infinite number of "products."' 

This is not just hypothetical fiction; it actually happens in 
all nonlinear circuits—and virtually all circuits are non- 
linear to at least some degree. In a"linear' amplifier we 
take great pains to reduce the mixing action—in this case we 
call it ''intermodulation"—to the smallest possible degree, 
but we can never eliminate it completely. 

Since it cannot be eliminated, the output could be expected 
to contain at least small portions of all the possible products 
from any pair of frequencies present in the input at any time. 
In practice, though, only the odd-order products can be 
found. The even-order products appear to vanish. Why? 

Fig. 6-2 shows the reason. In this chart, we're not inter- 
ested in exact frequencies. We are, however, interested 
in the order of the products produced by two close but not 
identical frequencies such as those typically present in a 
voice sideband. We call these two frequencies F1 and F2., 
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In Fig. 6-2 eachcolumn represents the products of one har- 
monic of F1, from the first (fundamental) tothe 12th and each 
row represents the products of one harmonic of F2 over the 
same range. The column-row intersections contain the num- 
ber which results when we substract the harmonic order of 
F2 from that of Fl. As we have already seen, this number 
(ignoring its sign) represents the order of the corresponding 
product, 

Fcr example, the product formed by the 6th harmonic of 
F1 and the 4th harmonic of F2, as shown on Fig. 6-2, is 
of order 2. The "sum" products formed by F1 plus F2 
are not shown. The diagonal lines in Fig. 6-2 represent 
the selectivity of the output circuit of our amplifier. This 
tuned circuit can pass most frequencies which are approxi- 
mately the same as those of F1 and F2, but rejects fre- 
quencies which are as much as twice Fl or F2, or as low 
as half. 


Notice that all the even-order products are either 0, 2, 4, 
or higher even numbers. None of these products fall within 
the passband of the output circuit. The odd-order products, 
howewer, all include at least two products which are of 
approximately the same frequency as the original signals, 
and so get through the output circuits. The 5th-order pro- 
ducts of either 3xF1 - 2xF2 or 2xF1 - 3xF2 hasan order of 
1. The highest-order products shown in this illustration are 
the 23rd order, and two of these still fall within the passband. 


Fig. 6-3 shows this inmore detail for the first nine orders 
of products. In this chart, all differences greater than the 
nominal original frequency (FO) are omitted. You cansee 
readily that the even-order harmonics fail to fall within the 
passband, butallthe odd-order groupings have two separate 
difference frequencies which do come inside the limits and 
get out to cause trouble. 

It's especially important to realize that these distortion 
products cannot be filtered, since they survive in the first 
place only because they are inthe same frequency range as 
the desired signals. The only way to minimize them is to 
adjust and operate the amplifier circuit in such a manner 
as to make it as linear as possible. In sucha case, mixing 
action will be small compared to the amplification, and the 
unwanted products will be much weaker than the desired sig- 
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Fig. 6-3. This table shows only the difference products 
near the input frequencies and near the DC level for the 
first 5 harmonics of two input tones, and illustrates how 
the product “order® is identified. 


nal. Ratios of as much as 50 db between distortion and sig- 
nal are not uncommon but overload of the amplifier in an 
effort to get another watt out to the antenna can make the 
distortion as strong as the signal. 


HOW CAN SIGNALS ON THE SAME WIRE BE SEPARATED? 


Within almost any of our amplifier circuits, we have both 
DC power for the circuit and an AC signal being processed 
by the current presenton the same wires. Outside the limits 
of the circuit, however, we want to keep the AC and DC 
signals separate. That's the meaningof this question—how 
can we do it? 

The secret of accomplishing this feat of signal separation 
lies in the fact that AC can be transferred through certain 
circuit elements which block DC, while DC can go through 
others which tend to block AC from passing. For instance, 
AC will flow through a capacitor while DC will not; onthe 
other hand, DC flows through an inductor while AC is im- 
peded. This is the whole basis of filtering. 

Any practical circuit element, of course, has resistance, 
inductance, and capacitance, all at the same time. This is 
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true even for such a simple element as an inch-long piece 
of hookup wire! For a length of straight wire all three are 
very small values—but they are not always negligible. The 
inductance present in a fraction of an inch of wire, for in- 
stance, can be used to tune a bypass capacitor to form a 
series-resonant circuit, and thus increase its bypassing 
efficiency. 

To separate an AC signal from a DC signal or power flow 
on the same wire, then, we must separate the wire to form 
two paths and then place capacitance in one path to limit it 
to AC flow while placing inductance in the other path to re- 
strict it for DC only. Wefrequently use this principle in un- 
tuned RF amplifiers, where an RF choke provides the in- 
ductance and a coupling capacitor provides the AC path for the 
output signal. 

When we're dealing with an amplifier circuit, both the AC 
and the DC output-circuit paths must be complete, from am- 
plifier tube cathode (or emitter) through the tube or tran- 
sistor to the plate (or collector), and back to the cathode. 
The desired output signal is coupled to the next stage by either 
capacitance or inductive (transformer) coupling in most 
cases, but this doesn't completely satisfy the requirement 


Figo 6-4o The problem of separating two signals on one 
wire is very much like that met by fish-—breeders who need 
to keep the little fish away from the hungry big ones in 
the same tank. Fish-breeders use a mesh "*filter® which 


the little ones can get through but the big ones cannot. 
We use impedances to filter signals in much the same manner. 
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for a complete path. Some parts of the circuit, for example, 
mustbe at ground potential for AC voltages while remaining 
at high potential for DC (one example is the screen grid of a 
tetrode or pentode). 

The function of a bypass capacitor is to complete such an 
AC current path by routing the AC directly to ground, yet 
keeping the DC voltage isolated. Another function for which 
bypass capacitors are frequently used is that of maintaining 
AC ground points throughout the power-supply wiring of a 
unit, in order to prevent undesired coupling between suc- 
cessive stages. And _ still another function of some bypass 
capacitors is that of assuring that all RF circuits contain 
minimum-length current paths to prevent "ground loops" 
which can cause undesired coupling between portions of the 
same circuit. 

In order to perform all these functions, the bypass capaci- 
tor must appear tobe avery low impedance for the particular 
AC current expected. However, any specific value of capaci- 
tance which might be a "very low'' impedance for current of 
one frequency might be a very high impedance for current 
of a much lower frequency. And even if the rated capaci- 
tance value represents a low impedance, the physical con- 
struction of the capacitor might be such that non-rated in- 
ductance could reduce (or even cancel out) its actual capaci- 
tance within the circuit. 

This is the reason that flator disc ceramic capacitors are 
so frequently favored for RF bypass use; their construction 
minimizes inductance. For most RF applications, capaci- 
tance values from 0.01 to 0.001 mfd are suitable. In criti- 
cal positions, capacitance values should be calculated—and 
this requires a knowledge of the DC impedances to be ex- 
pected in the circuit. 

The rule of thumb most often used when calculating the 
required value of a bypass capacitor is that the capacitor's 
impedance should be at least 10 times less than the imped- 
ance of the rest of the circuit. Thatis, for instance, if a 
screen-grid circuit supplied its DC through a 1000-ohm re- 
sistor, the bypass capacitor's impedance could be any value 
up to 100 ohms. 

This rule is based upon the fact thatin a network containing 
parallel impedances, current flow through eachis determined 
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by the ratio of each impedance to the others. The most cur- 
rent will flow through the smallest impedance. If one is at 
least 10 times less than any other, that one will carry at 
least 90 percent of the current. 

The figure 10 is not sacred in this rule, but represents 
engineers' experiences of some 40 years. The ratio cer- 
tainly should not be less than 10-to-1; an even greater ratio 
offers better bypassing, up to the point where a capacitor 
large enough electrically to do the job becomes so large 
physically that it begins to lose its effectiveness. 

The filtering or "decoupling" uses of bypass capacitors 
are not limited to power circuits. They are also widely 
used in CW keying circuits, for instance, and also (by proper 
and somewhat critical choice of capacitor values) to bypass 
RF from audio signal lines and prevent RF feedback into mod- 
ulators. Inevery case, the bypass capacitor should offer an 
impedance to the signal being bypassed which is much lower 
than that of the element which the capacitor shunts. 


WHAT IS CROSS-MODULATION AND HOW CAN IT BE PRE- 
VENTED? 


The term ''cross-modulation" is most often heard with 
reference to TVI, unless you happen to be a VHF addict. In 
the VHF world, it more often is used with regard to the 
creation of spurious signals in the front ends of sensitive 
receivers. 

No matter which context the term conveys to you, ''cross- 
modulation" is nothing more complicated than our old friend, 
the mixing action which results when two signals reach a 
nonlinear circuit element. 

When the mixing is intentional, as in a superhet receiver, 
an SSB generator, or a detector, we're happy and then we 
callitbyits propername, 'mixing.'' When it's unintention- 
al—as in a distortio-producing amplifier, a case of TVI, 
or a blocked VHF receiver—we use such names as inter- 
modulation, '' distortion products,'' and ''cross-modulation, "' 
as wellas many others which won't bear repeating. But 
whether intentional or unintentional, the process remains 
the same. Two signals applied to a nonlinear circuit ele- 
ment produce not only the original signals but a whole host 
of products as well. 
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Fig. 6-50 The principle upon which bypass capacitors work 
is shown here with generalized impedances (top) and with 
resistors (bottom). If 10-ohm and 1400-ohm resistors are 
connected in parallel, 10 times as much current flows 
through the smaller resistor. Similarly, if a low imped- 
ance is in parallel with a high one, the low impedance 
takes most of the current. 


If mixing is intentional, it's usually done within a circuit 
designed for that purpose, but there's no physical law which 
requires that the nonlinear elementbe apart of any designed 
circuit. For instance, a corroded gutterpipe or a leaky 
insulator on a power-pole guywire may form a sort of happen- 
stance electrolytic capacitor or chemical rectifier, and 
there's nothing much less linear than adevice which changes 
AC to DC. 

That's one of the major causes of ''cross-modulation.'' Two 
relatively strong signals reach some completely unexpected 
(and frequently impossible-to-locate) object which happens 
to be, in addition to its intended use, a nonlinear element. 
There they mix, and all the products are radiated back into 
space along with the original signals. In the case of TVI, 
one of the signals may be your own transmitter and the other 
may be any other transmitter. Neither need be operating at 
anywhere near the frequency of the TV channel—the only 
requirement is that one of the products of the mixing come 
out on or near the TV station's frequency, and presto, in- 
stant TVI. 

This form of TVI is quite difficult to isolate because it will 
go away whenever either of the two original signals goes off 
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the air. You don't have to do a thing. If the other trans- 
mitter goes dead, the TVI ceases. If theinterfering pro- 
ductis formed by your fundamental, any modulation on your 
signal willbe present on the product as well, making it quite 
easy for the TV viewer to obtain your call and work from 
there to lodge his complaints. 

And the biggest problem about it is that you can do almost 
nothing to cure it. No malfunction of your transmitter is in- 
volved. No filtering, either at the transmitter or at the TV 
receiver, can stop it, since the interference is an actual 
radiated signal at the frequency of the desired channel and 
any filter which would remove it would remove the TV sig- 
nal as well. 

The one sure cure is to change your operating frequency 
enough to move the offending product away from any TV chan- 
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Figo. 6-6. Several typical applications of bypass capaci - 
tors for separation of AC and DC signals are shown here. 
At A, the long leads, necessary to reach the key contacts 
in a cathode-keyed CW transmitter are isolated from the RF 
circuit by a choke and the RF circuit completed by the by- 
pass. At B, the bypass acts to keep the screen grid at the 
same RF voltage as the cathode by providing an AC short- 
circuit while leaving the DC voltage at its normal higher 
potential. At C, bypasses at each stage decouple the various 
stages by keeping AC signals off the common power-supply 
leadso 
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Figo 6-7 This table shows the formation of mixing prod- 
ucts by the. input frequencies Fil and F2 and the first 5 
harmonics of each. Notice that 50 separate products are 
formed here alone, 25 by the sums and 25 by the differences, 
although not all of these products are of different fre- 
quencies. The equations numbered 1, 2, and 3 define the 
table for all harmonics; m and n in these equations indi- 
cate the harmonics, while Pmn is the product pair for any 
specific harmonics. Whenever Pmn has the same frequency as 
some transmissions of interest to someone else, that trans-— 
mission suffers cross-modulation interference. 


nels. This doesn't actually cure the mixing, but it elimin- 
ates any interference to TV reception. Often a change of 
only a few kHz is adequate. 

When cross-modulation is interfering with your own opera- 
tion the picture is different. A classic case of this type of 
cross-modulation can be observed by any 2-meter operator 
who lives in an area servedby television Channels 4 through 
13. The frequency separation between these two channels 
is exactly 144 MHz. When both stations are broadcasting, 
the DX portion of the band, from the bottom edge up to at 
least 144.05 MHz, becomes a howling mass of cross-modu- 
lated video, FM audio, and carriers. 
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The only cure for this problem is to avoid that part of the 
band, whichis rather difficult if the stations you want to work 
stay there most of the time. Unlike ham stations, TV broad- 
casters are not free to change frequencies. 

A cure which is sometimes effective is to locate and elim- 
inate the offending nonlinear element. If you're lucky you 
may find it within a month or two—but keep in mind that 
a 1-watt signal can be heard for many miles. The re-radi- 
ated products are considerably weaker than one watt, but 
the cause of the cross-modulation may be anywhere within 
a two-to-three mile radius of your location. One such cause 
is allittakes, but there may be many. The odds are against 
you. 

Cross-modulation is not limited to the 'natural cause" case.. 
It can also occur in the front end of your receiver and fre- 
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Figo 6-8. HOW cross-modulation causes interference. Joe 
Ham, operating a completely clean transmitter at 144.0 MHz, 
and TV Channel 13, also completely clean at 211.25 MHz (vid- 
eo carrier frequency) are on the air at the same time. Some 
where in the neighborhood, a corroded connection on a power- 
pole guy wire is acting as a nonlinear element. Meanwhile, 
a TV viewer is trying to watch Channel 4% at 67.25 MHz, The 
144 and 211.25 MHz signals mix to produce products all over 
the RF spectrum (only a few are shown). One of these Is 
at 67.25 and interferes with the Channel 4 signal. If, 
however, Joe moves his frequency up to 144.1 the inter- 
fering product will move down to 67.15 MHz, and may no lon- 
ger cause trouble. 
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Figo 6-9. It*s not just the TV audience who get hurt by 
the problem of cross-modulation. Any two signals can do 
it, and one of the prime examples is that occuring when TV 
channels 4% and 13 operate in the same locality. 2-meter 
DX around 144.0 MHz is completely wiped out by the inter- 
ference which results. Since any typeof nonlinear element 
can cause the mixing action, it’s not normally practical 
to eliminate this problem; most of us just learn to live 
with ite 


quently does. This type of cross-modulation can be cured 
readily by filtering out the offending signal. If the unwanted 
strong signals are too close to your desired signal (which 
is possible if you are getting a third-order product) for this 
to be practical, you may have to introduce an attenuator be- 
tween antenna and receiver to cut back all signal strengths 
to the point that no overloading and resulting cross-modula- 
tion occurs. This cure is frequently used. 


WHAT DETERMINES THE POWER OUTPUT OF A TRANS- 
MITTER? 


Some amateur transmitters boast a power output of more 
than 2000 watts, legally. Others find favor with do-it-the- 
hard-way enthusiasts and radiate only a few milliwatts or 
even microwatts. Each type, as-well as the wide spectrum 
between these limits, has its place. 

But what determines the power output? No single answer 
to this question is possible, because power output is deter- 
mined by many things. One of the most important factors is 
that of what power output we're talking about, since trans- 
mitters are rated by such various standards as average input 
power, average output power, peak input power, peak output 
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power, peakenvelope power (both input and output), and even 
indicated average input power! 

Any attempt to compare various methods of transmission 
almost invariably comes acropper over these differing types 
of rating power, and the FCC regulations themselves have a 
sort of built-in discrimination—which is, of all things, in 
favor of voice transmission and against CW! 

The regulations, you see, limit the indicated input power 
to the stage or stages of the transmitter which supply RF 
power to the antenna. On the face of it this appears to be 
consistent for all modes of transmission. 

Yet with FM, the indicated input power and the peak enve- 
lope input power are identical. The same is true with CW. 
High-level AM indicates only the carrier power; the addi- 
tional power present inthe sidebands which contribute to peak 
envelope power is not indicated. This means that with AM, 
a PEP input of 1500 watts is permitted if audio power is in- 
cluded. When SSB or DSB, with suppressed carrier, are 
employed, the indicators swing at a syllabic rate. In this 
case, the regulations state that the 1000-watt limit must 
never be exceeded by the indicators. They do recognize 
that the indicators cannot keep up with instantaneous peak 
levels, by specifying response times for the indicators of 
1/4 second maximum. This means that with SSB or DSB, 
PEP inputs of 2000 to 2500 watts are permissible just solong 
as the meters never read more than 1000 watts. 

The same flickering effect is present whenCW is trans- 
mitted, butthe CW operator is denied the privilege of taking 
advantage of it. He must make his power measurements with 
key down; if he sets up for 1000 watts in this condition, his 
indicators won't exceed 750 watts in most cases. If he has a 
particularly choppy first, they may not exceed 600 watts. 

In all these cases, "indicated average input power" is 1000 
watts. The peak’envelope powers, though, vary from 1000 
watts up through something over 2000 watts, depending upon 
the type of transmissions being generated. Transmission 
type, then, must be one of the factors determining the peak 
envelope power's relation to indicated average input power. 
It does not, however, affect the peak-power capability of an 
amplifier. The peak-power capabilities are determined by 
the characteristics of the tubes or transistors employed in the 
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final stage or stages, by the supply voltage and the amount 
of current available rapidly (size of capacitors in power 
supply filter), and by the other design characteristics of the 
amplifier circuit. 


Characteristics of the tubes or transistors in the final stage ~ 
which determine a transmitter's peak-power capabilities are 
(1) the maximum current-handling ability of the cathode or 
emitter and (2) the permissible power dissipation or the plate 
or collector. 


The maximum current-handling ability is not directly re- 
lated to the rated maximum current. A cathode surface may 
be able to handle a full ampere for a sufficiently brief period 
of time, yet be rated for only 50 to 100 ma maximum cur- 
rent. This comes about because the rated maximum current 
is a DC value and the tube is supposedly able to handle this 
amount of current for any period oftime. The absolute max- 
imum though, is set by the point at which the cathode begins 
to physically disintegrate and is far greater. Tubes such 
as the 6C4, for instance, can deliver peak powers in the 
kilowatt range when operated under pulse conditions with a 
sufficiently long time allowed for recovery between the ex- 
tremely brief periods of active operation, but are hard put 
to deliver more than a watt or so in continuous operation. 


The influence of the maximum current-handling ability is 
to set an upper limit on peak power. The tube cannot handle 
more current than it can; when you have all it can handle, 
you can't have any more. The permissible power dissipation 
for the tube determines peak-power capability by limiting 
the amount of heat which can be tolerated. This, in turn, 
is influenced by the type of amplifier involved. A Class A 
amplifier may turn three-fourths of its DC input power into 
heat, while a Class C amplifier (using the same tube) might 
make heat from only one fifth of its input. 


Thus atube capable of dissipating 10 watts would be able 
to run at an average power input of only 13 1/3 watts if oper- 
ated Class A; 3 1/3 watts power output would be produced, 
and the remaining 10 watts would be dissipated by the tube. 
The same tube, in Class C, could runat an average power 
input of 50 watts. Of these 50 watts, 40 would appear as out- 
put and the other 10 would heat up the transmitter. 
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Notice that the power-dissipation limit applies to average 
power, not to peak, Heating and cooling take time, and any- 
thing that requires an appreciable period of time must involve 
only the average values over that period of time. Notice 
also that the effect. of the power-dissipation factor is strongly 
dependent upon the operating conditions chosen for the ampli- 
fier— and these are included in those "other" design factors 
for the amplifier circuit. 

The supply voltage and the amount of current rapidly avail- 
able determine power capabilities, because power is simply 
the result of multiplying voltage times current. Voltage can 
be stepped up or down by means of transformers, but in any 
practical transmitter the voltage applied to the final ampli- 
fier stage at any instant rarely exceeds twice the voltage of 
the power supply, so this supply voltage is stillamajor 
factor. 

Rapid availability of current is a factor not so widely rec- 
ognized. In a power supply, though, whenever any current 
is taken out to produce RF power to be transmitted, that 
current must be restored through the rectifiers. The cur- 
rent taken out on an instantaneous power peak may be much 
greater than that which the rectifiers can supply, if there 


Figo 6-10. Circuit factors attecting transmitter power are 
somewhat like the complicated set of scales shown here. 
Any change in any one factor will affect the balance of all 
other factors as well, but almost any combination of the 
yarious factors can be made to balance out with sufficient 
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will not be enough time before the next peak (while less cur- 
rent is being taken out) to make up the difference. The cur- 
rent ratings of the rectifiers, then, are not nearly so criti- 
cal in determining transmitter power limits as in the amount 
of current storage within the supply. This means that filter 
capacitors on the output side of the supply should be as large 
in value as possible. It's difficult to have too much. 

Some of the other design factors which influence power 
capability include the choice to operate Class Ai *B, Gra. 
discussed earlier; the type of coupling from amplifier tube to 
antenna and particularly the impedance level at which this 
coupling operates; and to a lesser degree the type of modu- 
lation employed. 

With a given amount of DC voltage supplied and a given 
amount of current available, the power developed is deter- 
mined directly by the load impedance across which the out- 
put signal is developed. The "Q" of the final tank circuit 
gets into the act since it determines the load impedance 
"seen" by the tube. For any useful power to be produced, the 
Q must be relatively low. A high-Q circuit may permit 
as much power to be developed at the tube as does a low-Q 
one, but the power cannot get out of the circuit if Q is high 
(by the definition of Q as the ratio of power stored during a 
cycle to power released during a cycle) and thus is of no use 
to you. Atthe same time, Q must be moderately high or the 
output circuit won't provide the desired tuning action. Choice 
of Q is always a compromise; the choice is normally made 
by the "loading" control of the transmitter. When loading 
is light, the Q is high; when loading is increased, the Q de- 
creases. 

Type of modulation to be used affects power in a number 
of subtle ways. Some of them were mentioned in the dis- 
cussion of the various legal power limits. The "on-off'effect: 
brought out there for SSB, DSB, and CW signals permits 
the factor of power dissipation to be modified by intelligent 
choice. 

For example, SSB and DSB signals require a very low 
average power in comparison to their peak-envelope-power 
levels. For this reason, when only such signals are to be 
transmitted, tubes with very low power-dissipation ratings 
but very high peak-current capabilities may be chosen and 
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relatively great amounts of output power can be developed. 
This is the reasoning behind the popularity of TV-output tubes 
as finalamplifiers in the 100-400 wattrange. The voltage and 
peak-current ratings of the se tubes permit peak powers of 400 
watts or more; power dissipation is low, but inDSBor SSB 
service the average power to be dissipated is also low and 
this factor becomes only a small restriction. 

For FM service, or for CW, such tubes are pushing their 
limits at 100 watts or so. The only way in which even these 
power levels can be realized is to use the mostefficient points 
available in Class C operation, to keep power dissipation 
within limits. Even so, it's not uncommon to literally melt 
down parts of the glass envelopes of such tubes in this appli- 
cation! 
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CHAPTER 7 


Transmitter Circuits & Adjustments 


Much of the technical content of all license exams deals with 
transmitter circuits and the proper adjustment and operation 
of transmitters. Questions related to these subjects are as 
follows: 


28. How does a full-wave bridge rectifier operate? What 
is the schematic diagram of this rectifier circuit? 

43. Define frequency deviation in FM transmission. 

49, How should a linear amplifier be adjusted for linear 
oper ation ? ; 

50. How is the power output of a 100-percent modulated 
AM signal related to the carrier power? 

51. Why does a type 6146 tube have three prongs connected 
to the cathode ? 


As you cansee, this is somewhat ofa Mulligan stew of subject 
matter; the power-supply question could just as easily have 
been discussed under the heading of ''receivers" and the re- 
maining ones includedesign, adjustment, and operating tech- 
niques. However, we'll try to rephrase the questions into 
broader ones covering not only the specific details asked in 
the study list but as many related points as possible. 

In order to define ''frequency deviation," a knowledge of all 
the special terms used to describe FM is necessary. Our 
first questionthus becomes "What terms are used to describe 
FM and what do they mean?" 

Adjustment of linear amplifiers is includedin the answer if 
we ask ''How are RF amplifiers adjusted for proper operation?" 
The full-wave bridge is only one of the popular power-supply 


134 


circuits. Question number three, therefore, is "What are 
the popular power supply circuits and how do they work?" 

Multiple cathode connections on the 6146, again, is only one 
example of some of the practical problems of tube design. All 
can be answered if we find out ''Why are tube pins connected 
as they are?" And finally, power output of an AM signal when 
modulated is just one of the factors involved in determining 
the power output of any rig. 'What is output power, anyway?" 
wraps them all up. 


WHAT TERMS ARE USED TO DESCRIBE FM? WHAT DO THEY 
MEAN? 


While the theoreticians insist that only two kinds of modula- 
tion are possible—amplitude and angle —those of us who must 
deal withthe real (that is, non-mathematical) world have quite 
a few more kinds to keep in mind. To name only those more 
commonly used in hamdom, there are CW, AM, SSB, DSB, 
and FM. 

Each has its own particular set of words to describe the 
essential characteristics of the modulation; in CW keying 
may be "hard" or "soft,'' AM may overmodulate, either type 
of sideband may generate "buckshot,'' and FM may do almost 
anything. 

Most of us have already learned the essential words to talk 
about AM, CW, and sideband just in the course of everyday 
operation. Unless you're an FM buff, though, the chances 
are good that you aren't as familiar with the FM jargon—and 
that's what this question is all about. 

While it doesn't really work like this, most of us find it 
easiest to think about FM by visualizing a carrier of steady 
power being moved about in frequency by the audio whichis 
modulating it. The rate atwhichthe carrier frequency swings 
is determined by the frequency of the audio, and the distance 
from the center frequency that it swings is determined by the 
loudness. In this oversimplified picture, a low-frequency 
signal and a high-frequency signal (both audio, that is) will 
swing away from center equally if both are equally loud. The 
bass tone, though, will swing more slowly than the treble. 

While anAM signal can overmodulate and cause objectionable 
splattering across the bands, an FM signal cannot be over- 
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modulated at the transmitter. '"Overmodulation" in FM is 
determined at the receiver; any time the signal swings across 
a wider range than the receiver can handle, itis overmodu- 
lated. For legal purposes, the equivalent of AM's overmodu- 
lationis "excessive frequency deviation," or too wide a swing. 
In the bands below 52.5 MHz, maximum swing permitted is 
Sik Ze 

Now about those words. We've been using some of them so 
far. 'Frequency swing" is the number of Hertz, kilohertz, 
or megahertz that the signal moves from one side to another. 
The bandwidth occupied by the signal is equal to two times 
its maximum frequency swing. 'Frequency deviation" is the 
same as "frequency swing." 

"Modulation index" is another term employed frequently in 
FM. The modulation index of an FM signal is equal to the 
frequency deviation divided by the modulating frequency. 
That is, if your audio is a 3-kHz tone and your deviation is 
also 3 kHz, the modulation index if 1.0. With the same de- 
viation but a modulating frequency of 300 Hz, the modulation 
index is 3000/300 or 10.0. 

"Modulation index'' also applies to AM but is determined dif- 
ferently there; "modulation percentage" is simply 100 times 
the "modulation index'' in an AM transmitter, so that the 
maximum modulation index permissible in AM is 1.0 and the 
average is more like 0.3 to 0.5. The higher modulation index 
attainable inFM is one of the advantages of this type of modu- 
lation. 

FM is frequently divided into two classes for discussion— 
"wideband"! and "narrowband."' "Narrow band'' always has a 
smaller modulation index (less frequency swing) than does 
"wideband, '' but beyond that the terms "wide" and "narrow" 
are strictly relative. 

For instance, when hams talk of narrow-band FM (NBFM) 
they mean FM with less than 3-kHz frequency deviation or 
swing, as prescribed by FCC rules for operation below 52. 5 
MHz. In this kindof conversation, 'wideband"' means anything 
with deviation wider than 3 kHz. But in the two-way communi- 
cations industry, 'wideband'' means anything greater than 
15 kHz or so swing and "narrow band" is anything less, Thus 
a signal with 5-kHz swing would be "wideband" to a ham and 
yet "narrow band" to a two-way man. 
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It gets worse, too. FM broadcasting has a maximum fre- 
quency deviation of 75 kHz while TV's deviation (on the FM 
audio part of the TV signal is 25 kHz. The TV audio signal 
is sometimes called narrow-band since it is not as wide as 
FM broadcast. So it all depends to whom you're talking. 

We've used another FM term, ''center frequency," quite a 
bit already without defining it. That's the frequency of the 
carrier when no modulation is present. It gets its name be- 
cause it's at the ''center" of the channel. Frequency devia- 
tion swings to both sides of the center frequency. If your 
center frequency is 50.055 MHz, for instance, and you are 
using 3-kHz deviation, your signal may swing from a low of 
50.052 to a high of 50.058 MHz as it is modulated. 

The final important term in FM is "threshold"; FM signals 
have a special characteristic not found with any other type of 
modulation. When they're strong enough, they actually take 
over and suppress background noise. They even suppress any 
interfering signals on the same channel. Up until the FM sig- 
nalis strong enough to exercise this "capture effect, ' though, 
you can't even find it. 

The signal strength at which the signal is "strong enough''is 
known as the ''threshold" of the signal. It is determined al- 
most exclusively by the modulation index of the signal. The 
greater the modulation index, the greater the signal you must 
have to reach the threshold—but the greater will be the noise 
suppression, once the threshold is reached. 

For illustration, if an FM signal has a modulation index of 1 
(such as a ham NBFM signal), the signal must be about 3 db 
above the background noise for the threshold to be reached. 
By the time the signal is 4 db above noise, capture effect has 
cut in and the noise if reduced another 4 db. This gives an 8 
db signal-to-noise. ratio, twice as good as that provided by 
the signal alone. 

If, however, that same signal had been a ham WBFM signal 
with a modulation index of 4, it would have had to be at least 
10 db above the noise level to reach the threshold. The im- 
provement, however, would have been almost 15 db instead 
of just 4, so that the received signal would be 25 db above re- 
ceived noise instead of merely 10 db. The total signal-noise 
ratio, in this case, is 3 times better than that for th NBFM 
signal. 
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HOW ARE RF AMPLIFIERS ADJUSTED FOR PROPER 
OPERATION? 

Like any other amplifier, an RF amplifier consists of three 
major portions —the input circuit, the amplifier itself, and — 
the output citcuit. To operate properly, all three of these 
portions must be functioning as the designer intended. 

The adjustments available to us as operators, though, norm- 
ally affect only two of the three portions. The amplifier itself 
usually has no adjustments which we can readily reach (al- 
though in some cases, bias on the amplifier tube is adjust- 
able). Operating adjustments—for any RF amplifier, linear 
or not—are usually limited to those for drive, tuning, and 
loading. The drive adjustment is a part of the input circuit, 
while tuning and loading are in the output circuit. 

AlLRF amplifiers must be properly tunedin order to operate. 
This is accomplished, as you probably are aware, by apply- 
ing a steady input signal and tuning for a pronounced "'dip" in 
the final plate current. The only critical point here is to be 
certain that the amplifier is tuned to the desired frequency 
rather than to some unwanted harmonic of the input signal— 
and that's a relatively easy check to make. , 

The differences inadjustments for the different kinds of amp- 
lifiers (CW, modulated AM, linear AM, or sideband linear) 
show up most prominently in the drive and loading controls, 
although loading and tuning adjustments do interact with each 
other. Before we look at the details of these adjustments, 
let's examine again how any such amplifier works. 

Fig. 7-1 shows a block diagram of a typical RF amplifier. 
This may bea linear, a CW final, or a high-level modulated 
unit; it makes no difference. In fact, you could even replace 
the input and output tank circuits with transformers as shown 


Laer, eo KN ie a Oe ES eee eis > 


Sane 15x 


Figo 7-1. Atypical RF amplifier circuit is shown at left; 
an audio equivalent at right. Adjustments are drive (input 
circuit), tuning (output circuit), and loading (indicated). 
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in Fig. 7-1B and it would be a good audio amplifier (if the tube 
voltages were properly chosen). 

The tube amplifies the signal by using the grid voltage to con- 
trol plate current. The particular class of amplification (A, 
B, or C) anda major portion of the amplifier's linearity as 
well will be deter mined by the voltages applied tothe tube. The 
input circuit's main jobis to provide the desired amount of volt- 
age swing to the grid of the tube. Depending upon the ampli- 
fier design, this circuit may have to transform "power" input 
into voltage for the grid, or it may merely have to transform 
the voltage to a higher or a lower level than that swing pro- 
vided by the preceding stage. 

The output circuit has many jobs, but we'll concentrate on 
only one: it provides the "transformer" action necessary to 
convert the plate currentswing into RF power at the right im- 
pedance level to feed our antenna line. This normally involves 
animpedance step-down, just as an audio amplifier ends up at 
atransformer which steps the output tube's impedance down to 
match a speaker's voice coil. 

When this step-down is correct, the output circuit provides 
a "load" for the tube, and the choice of voltages for the tube 
depends in part upon the load seen by the tube. Thus all three 
major parts ofthis circuitinteract witheachother, and no one 
can operate properly unless both the others are also in the 
right ball park at least. 

An audio amplifier is a broad-band device; the average stereo 
console amplifier handlesa frequency range from below 50 Hz 
up to at least 15 kHz, which is a 300-to-1 ratio. RF power 
amplifiers, on the other hand, are all relatively narrow- 
band. Even a "broad-band" final whichwould cover 80 through 
10 meters without retuning would be covering only a 10-to-1 
frequency ratio. And the average final tuned to, say, 3900 
kHz is covering only about a 3-kHz bandwidth for a 1-in-1300 
ratio of bandwidth to frequency. 

The broad-banded audio amplifier requires a specially de- 
signed transformer to provide its output circuit. Handling 
RF as we do, we get out more easily. A simple tuned cir- 
cuit, if properly adjusted, does the impedance transform- 
ation for us. One ofthe "proper" adjustments, though, is 
the tuning. The other one is the "loading" adjustment, which 
actually adjusts the coupling between the amplifier and the 
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antenna. The effect is to change the transformation ratio of 
the output circuit. 


The tube's load, provided by the output circuit, is electric- 
ally the same as a large resistor. Adjustment of the "load- 
ing'' controls varies the effective resistance. The lighter the 
loading, the higher the effective resistance. With higher re- 
sistance, less plate current flows and the "dip'’ when tuning is 
extremely deep. 


The higher resistance, though, means less power can be 
transferred through the circuit—or even produced by the 
tube in the first place. With light loading, the tube is vir- 
tually loafing alongand little poweris delivered to the antenna. 
This is bad for any RF amplifier because all that potential 
power's energy is still wandering around the rig in the form 
of excessively high voltage swings, and sparks may be ex- 
pected at the very least. 


As loading is made heavier by increasing the adjustment of 
the loading control, the effective resistance of the output cir- 
cuit goes down. As the resistance drops, more plate current 
flows. The additional plate current is able to produce more 
power by using that high-voltage energy, and the increased 
coupling which increased the loadingin the first place permits 
more of that extra power to flow out to the antenna. 


With normal Class C amplifier (nonlinear), standard prac- 
tice is to crank up grid drive until rated grid current flows, 
tune the final for the dip whichindicates that it is tuned to the 
proper frequency, andincrease loading until the desired amount 
of plate current is indicated onthe meter (taking care that the 
tuning remains correct, since a change of loading will affect 
the tuning adjustment also). 


If you're going all out for maximum power, you may keep on 
cranking up the loading until the "dip" is virtually undectable 
in the belief that this:is producing maximum output. Unfortu- 
nately, when you get the effective resistance of the output cir- 
cuit down to a much lower value than the designer intended in 
the first place, the amplifier actually puts out less power — 
although it continues to draw more and more current, as you 
would expect with less resistance. This too is a condition to 
avoid; the extra current isn't going to the antenna, but is 
merely trying to melt down your rig! 
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If maximum power output is your goal, you must have some 
type of relative power indicator to tell how much is actually 
getting out. This can be anything from an SWR bridge in the 
feedline to a field-strength meter—or evena pilot bulb coupled 
to the feedline, not to the final tank where it won't tell you as 
much. Then increase loading so long as the power output 
keeps climbing—and stop! 

Drive, the third adjustment, is relatively uncritical in a 
Class C rig. The only requirement is that there be enough of 
it. Good operating practice indicates that there should not be 
an excess of drive, which will increase the chances of har- 
monic problems. The grid-current ratings, though, are not 
Gospels. Once the rig is tuned and loaded properly, drive 
can be reduced until a reduction in power output is just de- 
tectable, and then increased about 20% above this point. For 
CW use, no increase is necessary. If the rig is modulated, 
though, additional drive is advisable in order to have a re- 
serve on hand for peaks of modulation. 

So far we've looked at the three adjustments for nonlinear 
amplifiers. What happens to themif we are trying to be linear 
instead? Tuning remains pretty much the same, if we keep 
in mind that the permissible operating range of the tube is 
much more critical for linear than for nonlinear use. If the 
amplifier is properly designed, though, this factor will al- 
ready be taken care of. 

Loading is much more critical. Either under-loading or 
over-loading in the output circuit of a linear leads directly to 
distortion. Drive adjustment also is much more critical. 
Under-drive is no problem, but excessive drive will lead di- 
rectly to severe distortion and splattering. Let's look at these 
two adjustments more closely. 

When a linear amplifier is not loaded heavily enough, the 
effective resistance of the output circuitis too high. At very 
low levels of input signal this has no harmful effect but as the 
input signal increases during transmission of even a single 
syllable of speech, the too-high resistance sets a limit be- 
yond which output signal cannot climb. The result is peak 
clipping, which generates splatter all over the bands and can 
even put the suppressed sideband back onto the si enal. 

As the load increases, by adjusting for tighter coupling to 
the antenna, the effective resistance of the output circuit de- 
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creases. When it gets to the point at which the amplifier cir- 
cuit was designed to operate as a linear, the maximum output 
power is developed and distortion is minimum. 


Increasing loading still more reduces output but does not add 
significant distortion until the over-loadingis severe. Usually, © 
the tube is damaged by excessive power dissipation by the time 
this point is reached. 

Distortion is still presentinanamplifier which is too heavily 
loaded, although it is not so severe as in one which is under- 
loaded. The distortion created by too-heavy loading is more 
usually in the form of intermodulation or "third-order" dis- 
tortion, whichis not so obvious when listening to the desired 
output signal but which does put back in parts of the sideband 
you went to such trouble to get rid of in the first place. 


While the loading of a nonlinear amplifier can be checked 
quite easily by means of an output-power indicator, that of a 
linear amplifier virtually requires oscilloscope measurements 
of the signal. We'll go into this a little later, since most im- 
proper operation of linears is due to the maladjustment of the 
drive rather than of loading. 


The drive adjustments are probably the most critical ones in 
adjustment of a linear amplifier. Excessive drive in a linear 
isa sure way to generate a lousy and illegal signal. The idea 
in adjusting drive to a linear is to provide enough drive for 
the amplifier to operate properly yet not provide too much. 
Since a linear's input signal may be anything from no signal 
at all up to the maximum permitted by the drive adjustments, 
the condition of "too little’ drive simply cannot exist. All the 
adjustments have to do withsetting anupper limit beyond which 
drive cannot go. 


In theinitial adjustment of a linear rig, each stage from the 
exciter on out to the final must be adjusted individually. Only 
after the lowest-power stage in the rig is operating properly 
can you move on to the next stage toward the antenna. Of 
course, if you're adjusting a factory designed and built unit, 
most of this will have already been done for you. 


In each stage, the drive must be adjusted so that enough is 
available to drive that stage to the full rated undistorted out- 
put, without driving it over the limit into distortion. Once 
distortion is put into the signal, at any stage, getting it back 
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out is like trying to remove one piece of solder from the middle 
of a molten blob on the bench! 

In many rigs, the output circuit for one stageis a part of the 
input circuit of the next. In these cases, the loading control 
for the first stage is the drive control for the second, and so 
forth. With such rigs, the ''drive'' control employed for final 
operator adjustment is usually the audio gain control on the 
exciter. To tune such a unit up—and the same practice can 
be employed for any linear amplifier—first apply an audio 
signal a little stronger than your mike can ever develop to the 
mike jack and ascertain that the audio amplifiers in the ex- 
citer can handle this signal without distortion. 

When the exciter is adjusted to produce undistorted output 
from such an input signal, connect the exciter to the linear 
amplifier and adjust the linear one stage ata time until each, 
in turn, is producing its rated output—still without distor- 
tion. 

Should any stage prove incapable of producing its expected 
output, check that stage carefully. Try adjusting the loading 
for that stage, as well as rechecking all previous stages. 
When the entire amplifier is tuned up in this manner, it will 
be able to handle any signal delivered by the mike in a linear 
fashion. Lock all the adjustments except final tuning and drive. 

It should go without saying all these adjustments should be 
made using a dummy load, rather than with the rig actually 
on the air. Ifa legal-limit amplifier is being tuned in this 
fashion, it will be operating at several times the legal limit 
during the final stages of adjustment. 

All that is now necessary to complete adjustment on the air 
is to retune the final and readjust the final loading after con- 
necting the antenna to the same operating conditions. This is 
easiest to doif, after the initial tune-up, you reduce the audio 
gain until the rig is operating at about half its rated power. 
Notice the audio gain setting and final plate current. With 
steady-tone audio, plate current will also be steady. Then 
after connecting the antenna just apply the same input sig- 
nal with the same audio gain setting, and load for the same 
value of plate current. The same loading conditions will auto- 
matically be established. 

From this pointon, the only operating adjustmentis the audio 
gain control—which determines the drive applied to the entire 
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Fig. 7-20 These oscilloscope displays are normal indi- 
cations of a linear amplifier operating properly. 
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Figo. 7-3. Test setups for both types of displays. [nef 
ther case, the tank circuit is tuned to operating frequency 
and connected through a capacitor directly to the vertical 
deflection plate of the CRT. 


rig. To determine the proper settings, though, requires (as 
we mentioned earlier) a scope hooked up to view the output 
signal. Either an "envelope display'' or "bow-tie" pattern 
can be used. Fig. 7-2 shows the output patterns to expect 
from either when everything is correct. Fig. 7-3 shows the 
hookups for generating both types of displays. Fig. 7-4 shows 
some of the abnormal patterns you may get with excessive 
drive, under-loading or over-loading. 


WHAT ARE THE POPULAR POWER SUPPLY CIRCUITS AND 
HOW DO THEY WORK? 


Power supplies show up in many places. In this question, 
we aren't even considering the transistorized power supplies 
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used for mobile work, either. But receivers, transmitters, 
and test equipment alike share the requirement for DC to op- 


erate—and the wall plugs provide us with AC. The power 
supply does the job of changing the 115-volt 60Hz AC from 
the wall plug into DC of the proper voltage and current charac - 
teristics to power our equipment. 

All power supplies for this purpose employ rectifiers, either 
solid-state (silicon diodes or selenium stacks) or tube-type 
(vacuum tubes or mercury-vapor tubes). Most also employ 
transforme rs to adjust the voltage level, although some oper- 
ate directly from the power lines. 


OVERDRIVE 
FLATTENS PEAKS 


UNDERLOAD 
SIMILAR TO OVER- 
DRIVE EXCEPTLESS 
HEIGHT ON DISPLAY 


OVERLOAD 
DISTORTION iS NOT 
USUALLY VISIBLE ON 
SCOPE BUT POWER 
OUTPUT IS EXCESS- 
IVELY LOW. 


ENVELOPE BOWTIE 


Figo 7-4. Typical patterns exhibited by a linear ampli- 
fier with operation not normal. Refer to SSB handbooks 
for more detailed views; these are to illustrate the theory 
involved rather than to provide an operating guide. 
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Figo 7-5e Half-—wave rectifier circult and waveforms. 


The jobofthe rectifier is to change AC into DC. Any indivi- 
dual rectifier element operates by simply blocking half of the 
AC waveform so that what gets through is all going the same 
direction and this accomplishes the change. The resulting DC, 
although still pulsating at a rate related to the frequency of 
the original AC, is all going the same way. The filter cir- 
cuit then smooths out the pulsations to provide "pure" DC for 
our devices. 

While any individual rectifier merely blocks half the AC wave- 
form, rectifier circuits are divided into two classes called 
"half-wave" and "full-wave,"' respectively. The half-wave 
circuits operate just like the individual rectifier; they let half 
of the AC wave throughand hold back the other half. The full- 
wave circuits, though, contain several rectifier elements.. 
These circuits steer the AC waveform throughone or the other 
of the rectifier elements, sothat both halves of the waveform 
come out as DC going in the same direction. Since they use 
the full waveform, they are called full-wave circuits. 

The most common full-wave circuit cheats a little by using 
a center-tapped transformer to reverse the direction of the 
AC current flow. Only half of the transformer is in use dur- 
any any half-cycle, and the rectifiers determine which half 
this is. 

Fig. 7-6 shows the operation of this circuit, in comparison 
tothe half-wave circuit in Fig. 7-5. You can see that the cir- 
cuits are almost similar. In both, rectifier A begins to con- 
duct at the point marked ''1"' in the waveforms and conducts 
until the point marked "'2.'' When 2 is reached, rectifier A 
begins blocking current flow. In the half-wave circuit, no 
current flows again until time "3." In the full-wave circuit, 
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rectifier B begins to conduct at time "2'' and conducts until 
time ''3.'' However, rectifier B is connccted to the other side 
of the transformer center-tap, and the circuit's electrical 
return path is through the center tap. Thus the transformer 
is effectively turned end-for-end at time 2, and back to its 
original position at time 3. Both halves of the input AC are 
used—but only half the transformer is in use at any given in- 
stant. 

With the advent of the solid-state rectifier, a different type 
of full-wave circuit has come into popularity. (With vacuum 
tubes, the circuit requires separate transformers for the 
rectifier filaments and so was used only rarely.) This is the 
bridge circuit shown in Fig. 7-7. The major advantage of the 
bridge circuit as compared to the older full-wave circuit of 
Fig. 7-6 is that the full transformer secondary is used at all 
times. It also permits full-wave rectification without requir- 
ing a transformer. The bridge circuit operates entirely by 
"steering" current flow. 
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Full-wave circult and waveforms. 


Fig. 7-6. 
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Figo 7-7. Full—bridge circuit and waveforms. 
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For instance, at the point marked "'l"' in the waveforms, 
both rectifiers A and C can conduct while rectifiers B and D 
are blocked. This condition continues until time ''2,'' and so 
current flows out of the bridge as indicated by the arrow. 

At time 2, thepolarity of the AC inputreverses. This blocks 
rectifiers A and C, but permits rectifiers B and D to conduct. 
Current out of the bridge still flows in the same direction. At 
time 3, the AC polarity reverses again and returns to the 
same condition that existed at time 1. You can see that the 
full AC cycle is steered through to the load but is always 
flowingin the same direction when it reaches the load circuit. 
For half a cycle it flows through rectifiers A and C, and for 
the other half through rectifiers B and D. 

Most tube-type receivers use either the full-wave circuit of 
Fig. 7-6 or the half-wave circuit of Fig. 7-5 (if they are in- 
expensive receivers without a power transformer). Solid- 
state equipment, on the other hand, employsthe bridge almost 
exclusively. Transmitter power supplies almost invariably 
use full-wave rectification because it is more efficient and is 
also easier to filter into 'pure'’ DC required by law. The 
choice between bridge and center-tap circuits is about even, 
though, withmedium-power rigs more likely to use the bridge 
and high-power equipment usually using center-tap circuits 
together with mercury-vapor rectifier tubes. 


WHY ARE TUBE PINS CONNECTED AS THEY ARE? 

The earliest vacuum tubes had only four pins-—two for the 
filament, andone eachfor the gridand the plate. Many modern 
tubes have many more pins, but no more elements—and yet 
every pin is connected to an element. A 9-pin miniature re- 
ceiving triode for VHF amplifier use, forinstance, may have 
twoofits nine pins connected to the filament, one to the plate, 
three to the grid, and the remaining three to the cathode. 

A single wire suffices to make electrical contact between 
two points. Why, ‘then are tubes built with two, three, or 
even four pins connected to the same internal elements? 
Manufacturers design tubes this way for two major reasons. 
Both reasons have to do with high-frequency performance. 

Multiple grid pins are most frequently found in tubes in- 
tended to be used as grounded-grid amplifiers at VHF. In 
such an application, it's important that the grid actually be 
at ground for the RF as well as for DC. In fact, there's 
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really no need for a DC ground so long as the grid is com- 
pletely grounded for the RF and some circuits are so de- 
signed. And while a single wire suffices to make electrical 
contact between two points so far as DC is concerned, it may 
not do so for RF. 

Any wire has a certain amount of inductance, even if it's not 
bent into a coil. To high-frequency RF, this inductance acts 
about the same way a resistor does to DC. A single wire, if 
ithas great enough inductance, doesn't make proper electrical 
contact. 

The inductance can be reduced by shortening the wire's length, 
or by using larger wire. In a tube, though, both the length 
ofthe wire and its maximum diameter arefixed by mechanical 
considerations. A limit is soon reached, for any particular 
tube design, beyond which the inductance of each lead cannot 
be reduced. 

Three resistors connectedin parallel will have only one-third 
the resistance of each one individually (if all are of the same 
value). Similarly, three separate leads connected in parallel 
will have one-third the effective inductance of one. Thus by 
using more than one lead, with a separate pin for each, the 
tube Cesigner can reduce the inductance between the actual 
tube element and the point outside the tube to which it is con- 
nected. 

That's one of the reasons. Associated with this reason is a 
sub-reason: In any circuitusinga vacuum tube, the reference 
"oeround" point for the circuit's current flow is not the equip- 
ment chassis. Instead, it is the tube's cathode. All plate 
and/or grid current must flow through the cathode surface. 

Since the cathode must be in vacuum inside the tube, though, 
you can't get to it directly to make any connections. All your 
connections have to be made to the tube's pins. The induct- 
ance of the leads from the pin to the cathode itself, as we 
said, acts about like a resistor. When current flows through 
a resistor, it produces a voltage across that resistor. Simi- 
larly, whenRF flows through aninductor itproduces a voltage 
across that inductor—even if the inductor is a length of wire 
inside the tube. 

Modern amplifier tubes have extremely high gain. A very 
small signalin the grid circuit is amplified intoarather large 
signal inthe plate citcuit. The cathode's surface is in both the 
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Figo 7-8. Multiple pins are used in modern tubes to pro- 
vide separate paths for input and output circuits involving 
the same element. A shows only one cathode pin available, 
so grid, plate, and screen current all circulate through 
inductance of the single cathode lead and may interacteo 
Three separate pins in B permit the three circults to be 
kept completely separate. Effect is of importance only at 
high frequencies. 


grid and the plate circuits. This cannot be avoided. If both 
the grid and the plate external circuits return to the cathode 
by the way of the same tubepin, then the inductance of the lead 
from cathode surface to pinis also in both the grid and the 
plate circuits. 

And when the amplified signal inthe plate circuit flows through 
this inductance, the resulting voltage is automatically in the 
grid circuitas well. The result—feedback and possible oscil- 
lation. (See Chapter 3.) By using two or more separate pins 
(each with its own leads) from the cathode to the rest of the 
circuit, the lead inductance can be kept effectively out of the 
picture. With the grid circuit returning to one pin and the 
plate circuit to the other, any voltage developed across the 
plate circuit's lead inductance cannot get into the grid region, 
and one built-in source of feedback is eliminated. This is the 
reasonthat most modern high-gain transmitting tubes provide 
multiple cathode connections, as in the 6146. 

Fig. 7-8 shows this effect pictorially. The lead inductance 
is shown as an RF choke, because as the frequency gets high 
enough, that's how it acts. And we learned back in Chapter 3 
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that feedback can be effective at any frequency, not just at the 
frequency you're tuned to. The type of feedback the multiple 
pins are intended to eliminate is one of the primary causes 
of parasitic oscillation. 

The other major reason for use of multiple pins also has to 
do with feedback, but does not involve lead inductance at all 
and is usually applicable to VHF receiving tubes not intended 
for grounded-grid amplifiers. 

Many of these tubes have multiple cathode pins, all of which 
are intended to be strapped directly to ground. These pins 
are located on the base in positions which separate the grid, 
plate, and other active-element pins. When all these pins 
are grounded, they form effective shields to reduce feedback 
between the input and output circuits of the tube. 

The pin arrangement on multi-section-receiving tubes is also 
chosen with a sharp eye toward the intended uses of the tube. 
Pins are usually located in such a manner that external con- 
nections can be made with the shortest possible wires. This 
is the reason why several types of the tubes are available 
having identical electrical characteristics but different pin 
arrangements; some are arranged for one specific circuit, 
and others for others. 

Not all tubes, of course, even use pins for the external con- 
nections. The popular 4x150/4CX250 series of power tubes, 
for instance, has no plate pin; the outer shell of the tube is 
the plate and any connection is made directly to it. The older 
"light-house" tubes featured similar construction, as does the 
416B UHF tube. Planar tubes carry this idea into today's de- 
signs. Again, elimination of lead inductance and shielding 
betweeninput and output circuits are the primary reasons for 
such arrangements. 


WHAT IS OUTPUT POWER? 


One of the least understood quantities we'll ever deal within 
radio is that known as "transmitter output power." For in- 
stance, most of us are aware that the maximum legal input 
power to a transmitter, as indicated on the meters, is 1000 
watts. It's also no secret that most transmitters are at best 
no morethan 75% efficient at turning this input power into out- 
put power, so it would be logical to expect that the maximum 
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legal output power would be somewhere fairly close to 750 
watts. 
- However, it's possible to run a rig legally on the HF bands 


with as much as 4000 watts input power and corresponding 3000 
watts output power with one type of modulation while another 


type of modulation is restricted to only 1000 watts in and 750 
watts out. When you get into the VHF and UHF regions where 
pulse modulation is permissible, input powers on the order of 
100,000 watts can be had legally. At these frequencies effi- 
ciency drops so your output probably won't exceed 50 kilowatts 
or so—but still! 

The trick in all this lies in that innocent phrase "as indicated 
on the meters.'"' Even when running a 100 KW peak input dur- 
ing pulse modulation, the meters must not exceed a 1 KW in- 
put reading. Since meters are relatively slow to react (a DC 
meter cannot, for instance, react rapidly enough to indicate 
60-cycle AC) the meter cannot tell whether you are applying 
100 kilowatts for 10 microseconds and then no power at all 
for the next 990 microseconds, or are putting in a steady 
1000 watts all the time. 

This is not the magic trick it might appear to be; the re- 
ceiver at the other end of the line is hard-pressed to tell the 
difference either. A 100-KW pulse signal which is present 
only 1 percent of the time is no more effective than a 1KW 
steady signal which is always there. The advantages, if any, 
of pulse modulation do not lie in the field of getting extra 
power for nothing. The 4-KW figure mentioned for HF bands 
is more of a play onwords. Power, either input or output, 
comes in several different flavors. There is "peak'' power — 
which may meanany of three distinctly different conditions — 
"average" power and "RMS" power. 

To get an ideaof the differentpossible meanings of the term 
"neak power,'! let's look at anordinary 60-watt light bulb op- 
erating from normal 117-volt AC wall power. During each 
cycle of the AC power, the voltage on theline rises from some 
negative value through zero to a positive peak, then falls back 
smoothly through zero to a negative peak which is a mirror 
image of the positive peak, and returns to its original value. 
This complete cycle is repeated 60 times every second. And 
while we call this power '"117-volt'' or maybe '110 volts,"'its 
voltage is actually always changing. It is exactly 117 atonly 
four instants during each cyele—once on the way up between 
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zero and positive peak, once again on the way down, a third 
time between zero and negative peak, and the final time as it 
climbs from the negative peak toward zero. 

The reasonwe call it '117-volt" power is that it will produce 
the same amount of heat ina resistor as would 117 volts of 
DC applied to the same resistor. This is the 'RMS" value, 
and is a convenient label. But the peak voltage of this 117- 
volt power line is actually about 165 volts; it reaches this 
voltage only twice during each cycle, and doesn't stay there 
any appreciable length of time either time. 

Our light bulb is a resistor. The more voltage we apply to 
it, the more current will flow. The RMS current in a 60- 
watt 117-volt bulb would be 60/117 amp, or about 0.513 amps. 
The resistance, by Ohm's law, equals the voltage divided by 
the current or 117/0.513, which comes out to be about 230 
ohms. 

Now when we apply that "peak" voltage of 165 volts to the 230- 
ohm resistor whichis our light bulb, we will geta "peak" cur- 
rent ofabout1.38 amps, andwhen we multiply voltage by cur- 
rent to find out the ''peak" power we discover that our '60-watt' 
bulb uses a peak power of 230 watts! 

This is animpressive figure, sure. But the bulb doesn't give 
us a bit more light at peak power of 230 watts than it does at 
"60" watts. This is one meaning of 'peak power," and you 
can see that it's not very meaningful. By this viewpoint, any 
full gallon is running 4000 watts peak input power. This kind 
of peak power is sometimes called "instantaneous peak power, "' 
because itis present only for aninstantat the peak of each cy- 
cle of the AC. 

A more meaningful way of talking about "peak" power is to 
discuss "peak envelope power." This refers to the RMS power 
(or DC power, ifinput poweris under discussion) present when 
the audio modulating signal is at its peak. Most sideband rigs 
are rated on PEP power. 

This kind of peak power is what actually gets the signal through. 
The figures are muchless than those for the same transmitter 
for ‘instantaneous peak power," but are higher than for 'meter 
peak power" whichwe'll discuss next, or" average power." In 
sideband operation, PEP power is the power you get when 
the rig is adjusted for maximum linear output as discussed 
earlier. 
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In an FM rig the output power does not change appreciably 
with modulation. In a CW rig the power is either there or it 
is not. PEP power of a CW rig is the same as the key-down 
power; the term is almost meaningless for FM. 


An AM transmitter, with carrier, is much like an FM ora 
key-downCW rig when nobody is talking. The carrier is still 
present. When you modulate, however, the audio power from 
the modulator is either added to, or subtracted from, the 
carrier power. The result is that peak envelope power is 
greater than the average carrier level. 


Virtually all of the theory about AM modulationandits effects 
on power assumes modulation with a steady audio tone rather 
than voice, because the steady tone is a known signal and voices 
differ in their characteristics. 


Witha steady tone modulating the carrier to the 100-percent 
level, the resulting modulated signal's power will drop exactly 
to zero at the negative peak of the tone's cycle. In order for 
this to happen, the modulator's average power mustbe exactly 
half that of the carrier. On the positive peak of the tone's cy- 
cle, then, the envelope will have all the power of the carrier 
plus all the power from the modulator, and so will be half 
again greater than that of the carrier alone. The peak en- 
velope power of a 100-percent modulated AM signal—when 
the modulation is a steady tone—is always half again greater 
than the PEP of the same carrier unmodulated. 


When voice is applied rather than the steady tone, the pic- 
ture changes. Voices are not symmetrical; their positive 
peaks may be higher than their negative peaks or vice versa. 
The '100-percent'"' modulation point is defined as that amount 
of modulation which permits carrier power to be reduced to 
zero at any point in the modulating cycle. If the voice's high- 
est peak comes out as a negative peak from the modulator, 
this will cause 100-percent modulation to occur withless voice 
loudness than if it comes out positive. In any case, the aver- 
age level of the voice is far lower thanthose peaks—and so the 
50-percent increase of power with modulation never occurs. 


Now let's look at the "meter peak"' power. This is simply 
the highe st power indicated by the rig's meters while you're 
talking. Its chief importance is that itis the power which is 
regulated by the FCC, and must never exceed 1000 watts. 
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A properly operating AM rig will show no fluctuation at all 
in the meters when audio is applied, unless it's using '"'con- 
trolled carrier" modulation. Any flickering indicates improper 
modulation. The theoretical 50-percent increase in PEP is 
never visible onthe meters, because the meters indicate only 
DC and the power from the modulator is AC in the audio range. 

A sideband rig, on the other hand, will flicker widely with 
speech. So will a CW rig being keyed, or an AM rig using 
controlled carrier. Regulations specify that power of a CW 
rig be measured with key down; for the others, the require- 
ment is simply thatthe meters never indicate power above the 
legal limit. 
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CHAPTER 8 


Measurements 


In the preceding Chapters we've leaned heavily on theory— 
because the point is to provide the additional theory you'll 
need to pass the exam! But all this theory must be tem- 
pered somewhat with its practical applications. 

The Commission recognizes the importance of measure- 
ments in practical applications of theory, and several ques- 
tions dealing directly with measurement are included on the 
FCC study guide. Among them are (numbers are from the 
FCC list): 

10. How close to the edges of a certain amateur band can 

you safely operate a VFO-equipped CW transmitter if you 

are using a frequency meter which has a maximum possi- 
ble error of 0.01 percent? 

16. What do oscilloscope patterns showing 25% modulated 

signals (with no distortion) look like? 50% 75%? 

22. Whatare Lissajous figures in oscilloscope operation ? 

What patterns would be produced on the oscilloscope if the 

signal applied to the horizontal input has a frequency equal 

to 2 times the frequency of the signal applied to the verti- 
cal input? 3 times? 4 times? 

37. Should a voltmeter have high, orlow, internal circuit 

resistance? Explain. 

These four questions, withtheir many parts, actually span 
almost the entire art of making electrical measurements. 
Therefore, let's break them down into "'bite'' size consider- 
ations. The first question must be ''Whatis 'measurement! ?"; 
most of us probably think of it as something more than it act- 
ually is. Directly followingfrom the firstis the second, ''How 
are measurements made?" The third, ''How accurate can 
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measurements be ?' naturally accompanies the second. One 
of the remaining key factors is the question, ''Can a measure- 
ment affect itself?" and of vital practical point is the final 
question of our paraphrased group: "What are measurement 
"standards' ?" 


WHAT IS ‘‘*MEASUREMENT” ? 


The word ''measurement" means many things to many per- 
sons, but most of us tend to think of it as a process including 
more than it actually does. A measurement cannot be any- 
thing more than a comparison of two like quantities to deter- 
mine whether they are equal, and if not, which is greater. 
The mythical scales of justice are a typical example of mea- 
surement at its most rudimentary level. 

One of the two quantities—the one which we are 'mea- 
suring''—is unknown. The other, hopefully, is known, and 
we call it the "standard" against which we are measuring 
the unknown. 

When our comparison device is able only to indicate exact 
correspondence and relative unbalance, we must have not 
just one but many ''standards,'' each of which bears some 
relation to the others. Staying with weight and scales for 
our example, we would need not only 1-pound standards but 
also l-ounce, 2-ounce, 4-ounce, 8-ounce, 2-pound, 4- 
pound, and 8-pound standards in order to be able to ''mea- 
sure" unknown weights from 1 ounce to 16 pounds within 1- 
ounce accuracy. 

Some comparison devices are able to indicate the amount 
of unbalance more precisely; we'll get to them a bit later. 
The point we're looking at now is the fact that all measure- 
ments are forms of comparison against standards. Some- 
times the measurement includes a counting action (asin 
measurement of time by a clock) but the comparison to a 
defined standard is always involved. 

Our electrical standards are quite precise, even if 
they do happen to be phrased in the language of physics. 
A volt is defined as the potential producedbya specified type 
of primary-standard cell. An ohm is defined as the resistance 
of a particular and highly-specified conductor. An ampere 
is defined as the current required to electroplate a given 
quantity of silver out of a solution of specified strength. 
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Fig. 8-1. Comparison of the unknown quantity (such as the 
weight of the letter) and a known standard (the i-ounce 


weight) forms the basis of all measurements. Any measuring 
instrument which does not have the comparison standard with- 
in itself is merely acting as an indirect comparison de- 
vice. in this case, the initial comparison to a standard 
is known as "“calibration® of the instruments. 


Additionally, each of these standard "units of measurement" 
is defined in terms of each of the others by means of Ohm's 
Law, and the whole system of physical units is geared to- 
gether so that all the equations of physics hold true. 

When we measure a voltage in a circuit, though, we aren't 
performing any such direct comparison. What we actually 
measure is not voltage, but length! How this can tell us 
the voltage in the circuit is what the next question is all about. 


HOW ARE MEASUREMENTS MADE? 


If measurement means only a comparison of an unknown 
quantity against a standard, how can it be possible for us to 
measure the voltage in a circuit by using a voltmeter which 
does not contain any standard voltage source against which 
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the unknown can be compared ? The answer, surprising 
though it may be, is that it's not. We speak of measuring 
voltage, but we don't. What we actually measure is length— 
the distance across the meter face traveled by the needle— 
and the comparison standard is the printed scale under the 
needle. 

How can length indicate voltage? Again, it doesn't; what 
it does indicate is power. In the ordinary moving-coil meter 
movement, the electrical quantity which is measured is 
power. This power forces the meter needle against a spring 
in some cases, but in more sensitive meters the power is 
capable only of pushing the needle part way acrossits scale. 
The deflection of the needle is proportional to the applied 
power, and since the meter is of fixed construction, the 
distance traveled across the scale by the needle can be used 
to indicate the power. 


We normally calibrate meters to indicate either voltage 
or current, rather than power; in a circuit of fixed re- 
sistance, though, either voltage or current may control 
the amount of power available. If the circuit resistance 
is low, then current is usually the controlling factor. If 
circuit resistance is high, voltage indications are obtained. 
One rather unusual resultofthis is the fact that a milliam- 
meter, calibrated for current, can be used without any modifi- 
cations for measurement of extremely low voltages. If the re- 
sistance of the meter movement itself is 100 ohms, for in- 
stance, and full-scale deflectionis obtained with 1 ma of 
current, then the meter may also be used as a voltmeter in 
the range from 0 to 1/10 volt. When 1/10 volt is applied to 
a 100-ohm resistance, the resulting current flow is 1 ma— 
and that's full-scale deflection for the meter. At least one 
commercial VOM makes use of this capability to provide 
a very low-voltage range. 

Don't be confused by this approach—the power used by the 
meter is not related to the power consumed by the circuit 
being tested. To measure the power consumption of the 
circuit, two meters are normally required; one measures 
the current flowing through the circuit and the other mea- 
sures the voltage. Certain special meter movements have 
been built (mostly for AC uses) to combine both these mea- 
surements in a single meter and indicate power directly on 
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the scale, but you are not likely to run into any of these 
meters in practice. 

The type of measurement we've been examining thus far 
in this chapter can be called "indirect, '' since we are not 
making a direct comparison and so are not, in the strictest 
sense of the word, measuring what we think we're measuring. 
Indirect measurement can be summarized in the idea that we 
actually measure something which is related to the quantity 
we want to know. The process of establishing that relation- 
ship so that we can trust our instruments is known as ''cali- 
bration.'’ Mostoften, calibration is accomplished by making 
a "direct'’ measurement and an "indirect" measurement at the 
same time, and adjusting the ''indirect" instrument as re- 
quired to make its reading correspond with that obtained 
directly. 

"Direct" measurements involve direct comparisons between 
the unknown and the standard. One of the most widely known 
examples of this type of measurement is the Wheatstone 
bridge, used to measure resistances. Other examples in- 
clude the Kelvin-Varley potentiometer (not to be confused 
with the variable resistor of similar name) for measurement 
of voltages, capacitance bridges, impedance bridges, and 
some types of frequency-measuring devices. 

The action of the typical bridge circuitis shown in Fig. 8-2. 
The bridge contains four 'tarms," one of which is the un- 
known resistance and one of which is the standard. The other 
two arms are also standards, but are variable so that their 
ratioto each other can be changed. A "null indicator,'' which 
maybe a sensitive DC meter or some other current-indica- 
ting device, is used to detect the "balance" condition. Cur- 
rent is provided to the bridge circuit, andthe ratio of re- 
sistances in the adjustable standard arms is varied until 
the indicator shows an absence of current flow through the 
center leg of the circuit. When this condition occurs, the 
ratio of the unknown resistance to the fixed standard is the 
same as that of the corresponding adjustable standard to its 
mate; a simple calculation then produces the value of the 
unknown resistance. 

This works because current willflow between any two points 
whichare at different voltages, but cannot flow between two 
points at the same voltage. Current flowing through the two 
adjustable standards produces a voltage drop across each; 
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similar voltage drops are produced across the unknown and 
the fixed standard. 

The bridge leg, which contains the null indicator, connects 
these two path midpoints. If the voltage drop across the 
left-hand adjustable standard is not the same as that across 
the unknown resistance, the two ends of the null-indicator 
are at different voltages and current can flow. When both 
voltage drops have the same value, both ends of the indica- 
tor circuit are at the same voltage and current flow ceases. 

The absence value of the unknown resistor need not be the 
same as that of the left-hand adjustable standard, though, 
because the total current flow in each of the series-resist- 
ance legs is also affected by the resistance of the fixed or the 
right-hand adjustable standard, as applicable. The factor 
which establishes the voltage drops developed is the ratio 
of left-hand to right-hand resistance in each leg; an identi- 
cal voltage drop means an identical ratio, and since three 
of the four resistances are known, the fourth can easily be 
found. 

Voltage measurement can be done in a similar manner, 
and the ''slide-back" voltmeter shown in Fig. 8-3 does just 
this. The voltage to be measured is applied to the circuit, 
and it deflects the null-indicating meter. An adjustable stand- 
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Fig. 8-2. Wheatstone bridge circuit shows direct compari -— 
son measurements. Figures in the drawing are typical only. 
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Fige 8-30 This slide-back voltmeter circuit, while too 
simplified for practical use, illustrates another applica- 
tion of the direct comparison technique. 


ard voltage is applied to the other side of the meter to can- 
cel out the effect of the voltage being measured. When the 
two voltages are equal, the meter indicates no current flow. 
Such a meter takes no power from the circuit under test— 
the 'no power" indication is used to signal that the adjust- 
able standard is equal to the unknown voltage. 

One of the most essential instruments formeasurement 
of modulation quality and performance of linear amplifiers 
operates in a direct-measurement mode. This is the oscil- 
loscope, which isessentially a gadget designed for the pur- 
pose of making direct comparisons between two signals and 
displaying the results upon its CRT screen. 

Fig. 8-4 shows how a scope operates; the electron gun 
produces a sharply focused beam of electrons which strike 
the phosphor coating of the screen. Wherever the electron 
beam hits, the phosphor glows. Two sets of deflection plates 
control the positioning of the beam. One set, the V plates, 
move the beam in the vertical direction, up and down. The 
other set, the Hplates, move it horizontally back and forth. 
In a general-purpose scope, both the V and H plates are 
driven by separate amplifiers so that small signals may he 
built up to several dozens of volts strength necessary to 
produce easily-visible delfections. In some types of modu- 
lation-monitoring hookups, though, the plates are driven 
directly by RF signals: 


162 


FOCUS GRIDS 


ELECTRON A Fit 
V-PLATES H-PLATES 
CRT PHOSPHOR 


Figo. 8-4. Oscilloscope uses electrostatic (voltage-oper- 
ated) deflection of a focused electron beam to perform a 
comparison. Beam is moved vertically by voltages on V 
plates, and horizontally by voltages on H platese 


If two different signals are applied to the two different sets 
of plates, the beam traces a path which is determined by 
the comparison of the two signals. For instance, one of the 
main uses of a scope in general service workis to examine 
a waveform. To do this, a sawtooth signal which increases 
linearly with time is applied to the horizontal plates. This 
moves the beam across the CRT ataconstant speedfrom left 
to right, and causes the beam to fly back to the left when it 
reaches the right edge. The signal to be examined is applied 
to the vertical plates. The beam then moves up and down in 
response to the signal being examined, andfrom left to right 
at a constant speed; the result is, as shown in Fig. 8-5, a 
picture of the signal being examined. 

If the sawtooth signal's frequency is exactly the same as 
that of the signal being examined, then one complete cycle 
of the test signal will occupy the full screen. If the fre- 
quency of the sawtooth is cut in half so that the beam moves 
just half as fast, twocycles of the test signal will be shown. 
This is illustrated in Fig. 8-6. 

Fig. 8-7 shows how thepattern is developed if both signals 
are of the same frequency. In this case the pattern may be 
anything from a straight line to a circle, depending upon the 
phase relationship between the two signals. If one of the 
signals is only a fraction of a cycle displaced in frequency 
from the other, the pattern will undergo a slow rolling, and 
this can be used to tell how far from the standard the un- 
known actually is. 
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Fig. 8-5, Application of a voltage with a sawtooth wave- 
form to the H plates makes the beam move across from left 


to right at a constant speed (except for *flyback* time, 
shown exaggerated here). A sine wave applied to V plates 
then moves the beam up and down, reproducing the waveform 
visibly on screen. The H~plate waveform is turned on end in 
all these illustrations to show how it moves beam. 


If the unknown signal is twice the frequency of the known, 
afigure-8 pattern will appear; this is illustrated in Fig. 8-8. 
Fig. 8-9 shows the development of the pattern when the un- 
known signal is at three times the frequency of the standard 
while Fig. 8-10 shows only the pattern for the 4-to-1 ratio 
of unknown to standard. If the unknown is half, one-third, 
or one-fourth the frequency of the standard, the same pat- 
terns willbe displayed'but they will be turned by 90 degrees. 

Because of the way in which the pattern is developed, this 
technique produces a stationary pattern for any frequency 
ratio x/y if both x and y are whole numbers. That is, a 
ratio such as 8/9 in which the unknown is at 8/9 the frequency 
of the standard will produce a stationary pattern. Whenever 
the pattern is stationary, you can determine what ratio is 
represented by counting the loops which appear along a ver- 
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Fig. 8-6. If the H-plate sawtooth frequency is just hal f 
that of the V-plate sine wave; two complete cycles of the 
sine wave will be traced on the screen rather than one. 


tical edge of the pattern and those which appear along a hor- 
izontal edge. The ratio of vertical loop count to horizontal 
loop count is the ratio of the frequencies. 

When a scope is used to monitor modulation the technique 
is similar in many ways to the Lissajous-figure approach, 
but not identical. The modulated RF signal is applied to the 
V plates, and the modulating audio is applied to the H plates. 
Whenever there is no audio, the carrier is constant. This 
produces vertical deflection, but without audio there isno 
horizontal movement of the beam and so the pattern is a ver- 
tical line in the center of the screen. 

When audio is applied, the RF output swings to a maximum 
at one peak of the audio cycle, and to a minimum at the other 
peak. Atthe maximum peak, the vertical deflectionis great- 
er, and atthe same time the horizontal deflection is maximum 
in the corresponding direction. This moves the beam to a 
corner of the display—and since the RF frequency is so 
much greater than the audio at this stage, the effect is a 
taller line at one side of the screen. 
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Figo 8-7. When sine waves are applied to both V and H 
plates, patterns called "Lissajous figures® result. lf 
both sine waves are at the same frequency as shown here, 
the pattern may be anything from a straight line to a per- 
fect circle depending upon the phase relationships of the 


twoo 


V-PLATE SIGNAL (UNKNOWN) 


we 


H-PLATE SIGNAL (STANDARD) 
Figo 8-& When a sine-wave signal of twice the frequency 
of the H-plate signal is applied to V-plates, a figure-8 
pattern Is traced as shown here. 
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At the minimum peak, the horizontal deflection is maxi- 
mum in the other direction and the vertical deflection is less 
because there is minimum RF. The effect is a shorter line 
at the other side of the screen. Since the audio signal is con- 
tinuous between these two peaks, the beam also occupies 
all positions between these two extremes, and thus paints 
a "trapezoid" upon the screen. 

If you have exactly 100 percent modulation, without dis- 
tortion, the minimum peak will cut off before the audio 
signal reaches its triangle coming down to a perfect point 
at the minimum-peak position. If you have overmodulation, 
the RF output will cut off before the audio signalreaches its 
negative peak; the display then willbejust like the 100-per- 
cent picture except that the left-over audio will produce a 
line sticking out from the point. If modulation is less than 
100 percent, the tip of the triangle will never be reached. 
Fig. 8-11 shows how these patterns are produced, and Fig. 
8-12 illustrates the patterns developed by 25%, 50%, 75%, 
100%, and more-than-100% modulation. 


Figo 8-9. At 3-1 ratio, a pattern is developed in 
this manner. 
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Fig. 8-10. This is one of the many possible ¥-1 Lissajous 
figures. Any offset of either signal from the time rela- 
tionship shown here will change the pattern, but in all 
cases. it will be stationary and will have four points at 
the top edge and four at the bottom, as does this oneo 


The '"bowtie'' or two-tone-test measurement of SSB linear 
amplifier adjustment amounts to exactly the same thing as the 
trapezoid test for AM modulation. The only difference is that 
you get two patterns tip-to-tip on the bow-tie test; it's in- 
terpreted in just the same way. 

The oscilloscope can also be used as a voltmeter, and is 
one of the best such instruments available for measuring AC 
since the comparison is direct and visual. The technique 
for using the scope as a voltmeter is simply to determine 
how much deflection is produced by a '"'standard"' voltage, 
and then compare this to the deflection produced by an un- 
known voltage. The comparison can be made by measuring 
the length of the line produced by the deflection. A voltage 
which produces a line twice as long as the standard, isa 
voltage twice as great as the standard. If the line is 74/100 
as long, the voltage is 74/100 of standard. By proper choice 
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of standard and ling length, you can get greater accuracy by 
this method than by any moving-coil meter movement. Thus 
the scope can be used as either a direct or an indirect mea- 
suring instrument. 

HOW ACCURATE CAN MEASUREMENTS BE? 

The two points we've established sofar about this business 
of measurement are (1) that any measurement is a compari- 
son of an unknown quantity against a known standard, and 
(2) that most measurements we make are made indirectly 
rather than directly. 

The next question is, "How aceurate can a measurement 
be ?" It may not appear obvious that no measurement can be 
perfectly accurate, and that all measurements must include 
some margin for error, but it's true. For a measurement 
to be perfectly accurate, the quantity being measured would 
have to be identical to the standard in every possible respect. 

While "perfect'’ measurements are not possible, it's not 
only possible but relatively easy to make "practical" mea- 
surements to any degree of accuracy you're willing to afford. 
Our ordinary milliammeters and voltmeters, such as we use 
in most of our ham-radio measurements, are usually rated 
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Fig. 8-11. This modulation-—monitor pattern for checking 
the quality of an AM signal is developed in a manner very 
similar to the Lissajous figures shown here. The pattern 
shown represents about 98% modulation (100% was not used 
in order to show how the negative peak trace is developed). 
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Figo 8-12. Modulation percentage can be measured by these 
patterns, but it*s easier to estimate it using these five 
exampleSo 


at '3% of full scale'' accuracy. Many are rated at '2%"' 
instead of "3%." 

While we're talking about accuracy of voltmeters and the 
like, it's a good time to establish just what that "3%" of full 
scale" rating really means. Most of us tend to unconscious - 
ly assume that it means 3% of the indicated reading. If we 
read '100 volts" from the scale, we assume that the actual 
voltage is somewhere between 97 and 103 volts. Actually, 
the 3% is "of full scale," andtranslates to an absolute error. 
On a 300-volt scale, the possible error would be 0.03 x 300, 
or 9 volts either way. Onal50-volt scale, it would be just 
half as much. Ona1000-volt scale, however, it would be 
30 volts either way. 

If we're using a general-purpose multimeter to make this 
measurement, most likely we are able to choose any of these 
ranges by simply switching to anew range. In this case, 
the same meter will have an absolute error of from 4,5 to 
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30 volts, depending upon the range which we select. This 
is the reason for the general rule in making measurements: 
always make the measurement using a scale which brings the 
measurement as near to full-scale as possible without going 
off-scale with the reading. The purpose ofthe rule is to 
minimize error. 

Voltages and currents are not the only things which we 
measure, however. Frequency is another item which we 
must, by law, measure rather accurately. When we use 
a 100-kHz frequency standard to make our measurement, 
we're doing it more or less directly. If we use a beat-fre- 
quency frequency meter, we're indirect. In either case, 
though, we will always have some error. In a standard 
or direct measurement this error is usually discussed as 
"so many parts in 10 to the—th" which is engineeringese for 
mighty small parts of a percent and can be translated most 
meaningfully as ''so many cycles per megahertz"! or what- 
ever. For instance, anerror rated as "one part in 10" would 
be one Hz in 1,000,000,000 Hz, or one Hz in 1,000 mega- 
hertz. The standard frequency station WWV (about which 
we'll say more later) maintains considerably greater accur- 
acy (less error) than this. 

When our measurement is indirect, it's more usually speci- 
fied as to error by apercentage rating such as 0.01 percent. 
This, too, can be converted rather readily to ''x" Hz per 
megahertz or some similar approach. For instance, the 
military surplus BC-229 or LM heterodyne frequency meter 
is usually considered to have an accuracy of 0.01 percent 
when calibrated and operated in the mamer originally in- 
tended. If you use this instrument to measure the frequency 
of asignalnear the bottom end of the 20-meter band, around 
14.0 megahertz, the 0.01 percent accuracy won't let you be 
certain that the reading you getis exactly the frequency of the 
signal. But 0.01 percent of 10 megahertz is 1/10000 of 
10,000,000 Hz or 1000 Hz, which means that the accuracy 
of our instrument is 1000 at 10 Hz or 100 Hz per megahertz. 
When we use it at 14 megahertz, our possible error is 1400 
HZ 

The practical meaning of this uncertainty in our measure- 
ment is that we should assume that the band limit (in this 
case) is 1400 Hz higher than it really is at the low end, and 
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1450 Hz lower at the high end. The if we measure a signal 
as being at our pseudolimit of 14.0014 MHz, it must be in- 
side the band—because our maximum error would put it 
only at the actual bottom edge, not outside! 

With the same instrument but in the 28-MHz band, we could 
measure band limits only to within 2800 Hz at the low end 
and 2970 Hz at the high end. The important thing here is to 
remember that absolute accuracy in Hertz becomes less as 
the operating frequency goes up, since the percentage of 
error remains constant. 


CAN MEASUREMENT AFFECT ITSELF? 


Closely allied to the question of accuracy and error is the 
question whether the mere act of making a measurement 
can have an affect upon the measurement made. 

Let's look first at the everyday variety of voltmeter. We've 
already discovered that it actually measures length instead of 
volts, andthelengthis related to the voltage by way of power 
which moves the needle across the scale. 

Where does this power come from? In the ordinary volt- 
meter, which hasno internal power source of its own, there's 
only one possible place—from the circuit being measured! 

But if we're drawing power from the circuit while we make 
the measurement, and not doing so when the meter is re- 
moved, then the mere act of hooking up the meter must in- 
volve a change in the circuit—and there's a chance that con- 
ditions while we measure are not the same as those when 
our meter is taken away. 

If you want to see how much change this may be, try mea- 
suring the AVC voltage ofareceiver, using a 1000-ohm-per- 
volt voltmeter. No matter how strong the signal coming in, 
you will be hard-pressed to find more than a very small frac- 
tion of a volt in most such circuits. 

The reason is that the 1000-ohms-per-volt meter has a total 
resistance of only 100,000 ohms if setto a 100--volt scale— 
but the series resistor in most AVC circuits is on the order 
of 5megohms. The 100-volt meter acts as a 100K resistor 
to form a voltage divider and reduce the AVC voltage to 1/50 
its normal value, or about 1/2 volt in most cases. 

Using a 20,000-ohms-per-volt meter instead will help 
matters somewhat, but the effect is still rather large. To- 
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tal resistance of this meter on a 100-volt scale would be 2 
megohms, which in series with a 5-megohm resistor would 
reduce the voltage to 2/7 its normal value. Thisis still less 
than half the voltage present when the meter is removed. 

Vacuum-tube voltmeters normally have an extremely high 
input impedance, at least 11 megohms, regardless of the 
scale to which they are set. Using one of these on an AVC 
line, the voltage-divider effect would be only 11/11+5 
or 11/16—but even with this meter the AVC voltage would 
be some 31% less with the meter hooked up than when the 
meter is absent. 

Apparently, then, connection of any measuring instrument 
to a circuit will upset that circuit to some degree. This 
would mean, if taken to extremes, that even if perfect in- 
struments were available and even if that impossible perfect 
measurement could be made, we would still have inaccuracy 
whenever we attempted to make an in-circuit measurement 
due to the effects of the instruments upon the circuit. 


WHAT ARE MEASUREMENT STANDARDS? 


Throughout this discussion we've been talking about "stand- 
ard" quantities and units, but we haven't yet seen where the 
"standard" comes from. 

Actually, for any one type of measurement such as length, 
voltage, resistance, etc., the "standard" is entirely arbi- 
trary. Theimportant thing about any one standard is simply 
that everyone who uses it must agree that it is the standard, 
so that measurements made by one individual can be mean- 
ingful to anyone else. 

In radio and electronics, fortunately, the standard units 
are almost universally accepted by everyone. We work with 
quantities which are very closely related to the basic stand- 
ards of nature, and when we agree upon standards for mea- 
suring those basics—time, and electric charge—the rest 
of our standards are completely fixed by the interdepend- 
ence of all our quantities. For instance, if the "volt" and 
the "ohm" are defined, then the "ampere"! is also defined 
by Ohm's Law andno additional standard for it is necessary. 

The most basic of all our standards is that of time. In this 
country, the time standard is maintained by the National 
Bureau of Standards and is mad? available to all through the 
broadcasts of Station WWV. 
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These broadcasts are on frequencies at exact multiples 
of 5 MHz throughout the high-frequency spectrum, as well 
as one at 2.5 MHz; the ones most generally used are on 5, 
10, and 15 MHz. The frequency itself is the basic time 
standard; by counting 10 million individual cycles of the 
10-MHz transmission you have a "standard" second. 

For user convenience, though, WWV does the counting 
and superimposes a ''tick" on the signalat precise 1-secad 
intervals. This ''tick'' consists of exactly 5 Hz of a 1000- 
Hz tone (also derived directly from the main standard), and 
the time standard is from the beginning of the first cycle of 
one tick to the beginning of the first cycle of the next. 


Other time standards are maintained by the Dominion Ob- 
servatory at Ottawa Canada, through station CHU at 3.330, 
7.335, and 14.670 MHz; by station MSF at Rugby, England, 
operating on 2.5, 5, and 10 MHz; by ZUO at Olifantsfon- 
tein, South Africa, 5 MHz; by JJV, Tokyo, Japan, 2.5, 
5, 10, and 15 MHz, and a number of other governments. 
In addition to WWV, the NBS operates WWVH in Honolulu 
(which is slaved to WWV in sucha manner that it's possible 
for you to receive both at the same time without interfer- 
ence). 

In this country, our standards of voltage and resistance 
are also maintained by the NBS. Only one ''primary' stand- 
ard of each exists. From these, ''secondary' standards 
are developed and all actual use involves the secondary (or 
even more remote copies) versions. 

The NBS primary standards agree with the definitions adopt- 
ed by the International Committee on Weights and Measures. 
These definitions establish the ''ampere" as an electric cur- 
rent which would produce between two conductors of infinite 
length and negligible cross-section separated by one meter 
distance ina vacuum, aforce of 0.0000002 newton per meter. 
The 'volt'' is then defined as the potential which causes a 
dissipation of one watt when a current of one ampere flows, 
and the ''ohm" as the resistance which permits one ampere 
to flow when one volt potential appears across it. The cou- 
lomb (unit of electrical charge) is similarly defined as the 
amount of charge transported in one second by a current of 
one ampere, while the farad and the henry are also defined 
in terms of coulombs, volts, and amperes. 
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These "standard" definitions may sound as if they go ina 
circle—to measure any one of them you must already know 
all the others. In practice, that's just about the case. It 
is possible to measure the forces involved in the definition 
of an ampere and so determine a standard ampere directly, 
but since the ampere exists only while currentis flowing, 
the standard ampere cannot be preserved to use as a com- 
parison standard! 

The procedure actually followed to establish a primary 
standard, as a result, is to build coils in such a manner 
that their inductance can be calculated very accurately and 
then to use these coils together with a standard one-ampere 
current to measure out standard resistances. The resistance 
standard, together with the current-measuring devices, per- 
mits establishment of a voltage standard. 

A mercury cell is a pretty good voltage standard, since it 
produces 1.34 volts for essentially its entire life. In a pinch 
you can even getby withafresh size D flashlight cell, which 
should produce 1.561 volts, but the voltage of these carbon- 
zinc dry cells varies with age and so they are not so trust- 
worthy. 

A zener diode offers another standard-voltage reference. 
While most such diodes are rated to only 5% accuracy, any 
one diode will have a constant voltage drop throughout its 
life if it is not abused, and so it can be used as a secondary 
standard once you have calibrated it against some more ac- 
curate primary standard. 

The best frequency standard is a quartz-crystal oscillator 
which has been calibrated against the transmissions of WWV. 
However, commercial AM broadcast stations are required 
by law to remain within a 20 Hz of their assigned frequency, 
and you can use a VFO which has been zero-beat against a 
broadcast station to provide a reasonably accurate standard 
in an emergency. 

The one item you should not use as a standard is a meter, 
no matter how costly or how accurate its rating. Meters are 
sufficiently delicate that any small chock can throw them 
off; their accuracy should never be trusted except immediate - 
ly after they have been compared to some known standard. 
This process is called "calibration" and should be carried 
out at reeular intervals for all meters, although almost 
none of us do so. 
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CHAPTER 9 
Transistor Principles 


Just a little more than 20 years ago, a team of physicists at 
Bell Telephone Laboratories stuck some wires onto a solid 
crystal and came up with a device which acted like a cross 
between a transformer and a resistor—and which, in the two 
decades have followed, has revolutionized all phases of elec- 
tronics. 

Only three of the questions in the official FCC study list for 
the new exams deal directly with semiconductors. These, 
which we will go into this time are: 

32. Power dissipationinwhatpartof a transistor warrants 
careful observation of power ratings ? 

40. Compare transistors and tubes. What are the advant- 
ages and disadvantages of each? 

46. Whatis the vacuum tube counterpart of (1) a grounded- 
base circuit; (2) grounded-emitter circuit; (3) grounded 
-collector circuit? 


The first question in any dealings with a transistor must be 
"How does a transistor work?" Youdon't have to have a solid- 
state physicist's knowledge of the "how,'' but any use of the 
devices becomes mucheasier when you have some idea what's 
going on inside. 

Almost all transistor specifications are given in terms ofa 
"black-box analysis" which boils down to one of the three basic 
circuits listed in FCC Question 46. That makes our second 
question for dissection become "What are the basic transistor 
circuits and how do they differ?" 

An adequate comparison of transistors and tubes requires a 
knowledge of both the advantages of the transistor in relation 
to the more familiar tube. Our third question thus is 'What 
are the transistor's advantages?" and the fourth is 'What are 
its disadvantages?" 
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Finally, the power-rating question (No. 32 in the FCC list) 
is only one of a number of possible similar questions dealing 
with critical points in the application of transistors. To be 
prepared for all these questions, let's find out "What are the 
critical factors in using transistors ?" 


HOW DOES A TRANSISTOR WORK? 


Fig. 9-1 shows a simplified approximation of what a trans- 
istor does ina circuit. Placing the switch in position A, with 
the voltage and resistances shown, would cause one amp of 
current to flow through R1, with a resulting power dissipa- 
tion of 10 watts. If, when we throw the switch to position B, 
we could keep that same one amp of current flowing through 
the circuit composed now of R1 and R2 in series, we would 
increase the power dissipation by a hundred times. This would 
be a form of power amplification—and in effect, this is what 
a transistor does. 

The transistor consists of twoadjacent junctions between dif- 
ferent types of semiconductor material known as— N and P- 
type. You can think of it as a thin slice of ham between two 
thick slices of bread if you like. 

In a single junction, current can flow much more easily in 
one direction than in the other. When negative polarity is ap- 
plied to the N side of the junction and positive to the P side, 
current flow is easy; when polarity is reversed, current flow 
is difficult and apparent resistance is high. 

The "easy" current flow is 1 combination of two processes 
known as "injection" and "collection."' The material on one 
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Fig. 9-1 This simpte switching circuit shows the 
basis of transistor action. 
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Figo. 9-2. A forward-biased emitter-base junction permits 
electron flow. 


Fig. 9-3. The alpha factor of a transistor can be measured 
directly in this test setup. 


side of the junction "injects" electrical charge into the junc- 
tion region, and that on the other side of the junction "collects" 
this charge. 

To get from one side of the junction to the other, the charge 
must "diffuse" throughthe junction region. In a single junc- 
tionthe diffusion will be either aided or hindered by the types 
of material involved and the polarity of the charge. This is 
what makes the current flow easy in one direction—when both 
materials aid theflow and difficult in the other, when both op- 
pose. 

Fig. 9-2 shows howthis action worksinone of the three basic 
circuits —the common-base or 'grounded base'' arrangement. 
This circuit is of historical interest because it was the first 
to be used; most of today's applications use one of the other 
two circuits for several reasons. 

As we have seen, the amplification in a transistor happens 
because of a difference in resistance between the input and 
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output circuits, and the fact that the semiconductor material 
permits the current in the inputcircuit to affect the resistance 
of the output circuit. 

The curve in Fig. 9-5 shows how gainis affected by the amount 
of base bias supplied to the unit; the wider apart the horizontal 
lines are, the greater the beta and the higher the gain. With 
either too much or too little bias, gain falls off rapidly; op- 
erating conditions are rather critical. 

With almost no bias, the gain falls to zero and current is 
virually cut off. With excessive bias the gain again fallsto 
zero because the collector-base junction's resistance is as 
low as it can get. These two points, labeled "off" and ''on" 
respectively in Fig. 9-5, are widely used in digital circuits. 


WHAT ARE THE BASIC CIRCUITS? 


Fig. 9-6 illustrated three circuits, stripped to their basics. 
You can see that in every case, input signals are applied to the 
base-emitter circuit and output is taken off in the collector- 
base circuit, but the three circuits differ drastically in their 
characteristics because of thedifferent ways in whichthey re- 
late input and output circuits to each other. 

For instance, in the common-base circuit shown in Fig. 9-7 
the input and output circuits are about as isolated from each 
other as itis possible to get with a transistor. The only point 
inthe entire circuit at which both input and outputcurrents are 
present is the transistor base (including its leads back to 
ground). The input circuit consists of the base-emitter junc- 
tion and bias arrangement. The output circuit consists of the 
collector-base junction and its bias and load arrangements. 


Fig. 9-%. This much simpler test circuit can read the 
beta of a PNP transistor directly from the meter. To use 
it with NPN units, reverse the battery and meter polarities. 
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Fig. 9-5. Characteristic curve of atypical transistor is 
similar to that of atube. Each curve in this family repre- 
sents the collector voltage-collector current relationship 
for a single value of base current. Diagonal line is,the 
"load line® for a 3000-ohm collector load resistor. Point 
labeled “operating® is the bias point to operate as an amp - 
lifier with this load resistors On and off points illus- 
trate switiching action. 
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Fig. 9-6. The three basic transistor circuits are shown 
here. While all are related, characteristics of each dif-— 
fer from the others. 


The common-collector circuit shown in Fig. 9-8, on the 
other hand, makes the output circuit an integral part of the 
input circuit so that the output tends to completely "buck out"! 
the input signal. Theinput circuit consists of the base-emitter 
junction, the load resistor in the emitter lead, and the power 
supply (withthe common point passing through the power sup- 
ply). The output circuit consists of the forward-biases base- 
emitter junction (which acts for it as a low-valued resistor), 
the base-collector junction, andthe emitter load resistor. 

The remaining basic circuit is the common-emitter arrange- 
ment shown in Fig. 9-9. This one acts in a manner midway 
between the other two. The input circuit—the base-emitter 


Fig. 9-7. The common-base circuit was the earliest. It 
has voltage gain but no current gain. 


Fig. 9-8. This iS common-collector circuit. Both input 
and output current flows through load resistor R, and the 
result is a high input impedance and a low output imped- 
ance. Voltage gain is less than 1, but current gain can 
be high. 
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Fig, 9-9. The common-emitter circuit here is the most 
widely used. It has both current and voltage gain, and so 
is the only transistor circuit exhibiting appreciable power 
gain as well. Both input and output impedances are mod- 
erate. 


junction and its bias arrangement—is relatively unaffected 
by the output circuit, butin the output circuit the base-emitter 
junction is placed in series with the collector-base junction. 
This reduces output impedance by a bucking-out action, but 
the buck-out is much less than in the common-emitter since 
only apart ofthe output si gnal appears across the base-emitter 
junction while in the common-emitter the entire output signal 
appears in the input circuit. The fraction of the output, signal 
which does appear inthe input circuit tends to increase the 
input impedance in much the same manner as in the common 
emitter. Again, the effect is much smaller. 
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CHAPTER 10 


Basic Rules & Units 


Allbranches of electronics—not just amateur radio—depends 
upon a knowledge of a few basic rules and units. The units 
are voltage, current, resistance, capacitance, inductance, 
and reactance. 


15. Aresistor, capacitor, and inductor each have 100 ohms 
of resistance or reactance. What is the equivalent series 
impedance of these three elements ? 

38. A transformer with 115 volts applied across the pri- 
mary terminals has a primary-to-secondary turns ratio of 
10 to 1. If a 5-ohm load is connected to the transformer 
secondary, the reflected primary impedance is what? 
How much voltage appears across one half of the turns of 
the primary ? 

42. How do inductors combine in series and in parallel? 
Capacitors in series and parallel? 


Let's paraphrase these detailed questions into similar ones 
of broader scope to cover the whole range of the subject. All 
three of the FCC questions deal with effects that occur only 
in AC circuits. 

One of the major differences between AC circuits and DC 
circuits is that in AC we must deal with''reactance" as well 
as "resistance."' For our question, let's determine 'What 
is reactance ?"’ The answers we'llfind there will lead direct- 
ly to another question (which takes us back to the FCC study 
list), ''What is impedance ?" 

When we have a relatively clear understanding of reactance 
and impedance, we can move on to a question dealing direct- 
ly with all three of the FCC questions: ''How do impedances 
combine?" Finally, we'll cover all the principles involved 
in FCC Question 38 by asking ''What does a transformer do?" 
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Fig. 10-1 Differences between DC and AC are shown by 
these illustrations which represent either current or volt-— 


age in a circuit. 


Most discussions of these subjects tend to lean quite heavily 
on mathematics; engineering texts in particular seem in- 
variably to rely on calculus to deal with reactance. That 
isn't really necessary, and we'll try to prove it by using 
nothing more complex than ordinary arithmetic ——EXCeDt tom 
the minute amount of algebra necessary to present the vari- 
ous rules for calculation of results. None of them are any 
more complicated than Ohm's Law: E equals IR. 


HOW DOES AC DIFFER FROM DC? 


The terms AC and DC are simply shorthand, as you prob- 
ably know, for "alternating current" and "direct current." 
The major difference between these two types of electric 
currents are that DC flows directly through the circuit, al- 
ways going in the same direction, while AC changes its di- 
rection at fixed intervals, alternating between "forward" 
and ''reverse"' flow. 

If we put an oscilloscope across an AC circuit we can see 
directly the variations in voltage. We can also see that in 
any one circuit the voltage will never be more than some 
"peak" value. If we're looking at normal power line AC, the 
voltage will swing from a negative peak through zero toa 
positive peak and back to zero on every cycle, and the peak 
values will always be the same. 

However, the normal ''voltage" we talk about in an AC cir- 
cuit is neither the peak nor the peak-to-peak value. Instead, 
we usesomething called "RMS" voltage which works out to be 
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about 0.7071 times the ''peak"' voltage or 0.3535 times the 
"peak-to-peak" value. The "RMS" stands for "root mean 
square" and refers to the mathematical method by which the 
value was originally determined. For our purposes it's enough 
to know the ratios between RMS, peak, and peak-to-peak 
voltages. 

This takes care of two of our three basic characteristics— 
voltage and current—but the third, polarity, is a little less 
simple. In an AC circuit, by definition, the polarity or di- 
rection of current flow is always changing. It would seem 
that we couldn't use this as a means of describing AC since 
any AC always involves both possible polarities. 

And while it's true that we can't use it directly, we can 
use it indirectly, by using the speed at which it's changing. 
This we call "frequency"; frequency is measured in cycles 
per second (now known.as Hertz; 1 Hz equals 1 cycle per 
second). 


WHAT IS REACTANCE? 


Now that we have the necessary words and ideas, we can 
take a look at this thing known as "reactance" which is found 
only in AC operation; there is no DC equivalent. 

Actually, in the world of AC, voltage and current don't 
necessarily bear the fixed relationship to each other that they 
do when it's DC we're involved with. In a single AC circuit, 
with only one ''signal'' in the usual sense of the word, we 
have to think of the voltage as one signal and the current of 
that same circuit as another, separate signal. 

However, it's possible for voltage and current to be out of 
phase. If they are out of phase with each other by 90 de- 
grees, thenwhen one is going through a peak value the other 
is zero. For example, if the current is 90° ahead of the 
voltage, then when voltage is at its positive peak value the 
currentis zero. Asvoltage descents toward zero, the current 
value will be going toward its negative peak. When voltage 
reaches zero going negative, currentis at thenegative peak, 
and as voltage gets more negative the current is becomingless 
negative. When voltage reaches the negative peak, the cur- 
rent has again become zero going positive. 
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Two types of circuit elements have reactance, and the two 
have reactances of opposite types. The circuit elements 
are capacitors and inductors. The capacitor has negative 
reactance—which means merely that putting a capacitor in 
an AC circuit will cause the voltage to lag behind the current 
in that circuit. The inductor or coil has positive reactance; 
it causes the current to lag behind the voltage. 


The reactance of any capacitor depends upon just two 
factors—the size of the capacitor and the frequency of the 
applied AC. If either of these factors goes up, the reactance 
goes down. Tocalculate reactance for a capacitor, plug the 
two factors into the capacitive-reactance formula: 


Xe = 1/6. 28fC 


In this formula, Xc stands for capacitive reactance, f is 
for frequency, and C is for capacitance. When the fre- 
quency is in cycles per second and the eapacitance is in farads, 
the reactance comes outinohms. However, farads are much 
too large a unit for practical capacitance values and we use 
microfarads instead. This changes the formula a little bit: 


Xe = 159000/fC 


The 159000 is a conversion constant which picks up the 6. 28 
of the earlier formula and also includes the million-to-one 
difference between farads and microfarads. In this formula, 
f is still in cycles per second but C is in microfarads. Xc 
is reactance in ohms. 

When a coil is involved instead of a capacitor, the actions 
are similar but opposite. To calculate inductive reactance, 
knowing the frequency of the AC signal and the inductance of 
the coil, use this formula: 


X, = 6. 28fL 


In tis formula, f is in cycles per second (Hz) and Lisin 
henries; Xl is inohms. The formula is suitable in this 
form for power and audio frequencies. RF inductors are 
usually measured in microhenries; rather than changing 
the formula, simply use megacycles rather than cycles for 
frequency, microhenries instead of henries for inductance, 
and X1 will still come out in ohms. 
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WHAT IS IMPEDANCE? 


Like resistances, reactances are measured in ohms, be- 
cause like a resistance, a reactance reduces the amount of 
power available for use in the circuit. The major difference 
is that the resistance gets rid of the power completely by 
changing it to heat, while the reactance merely locks it up 
by changing time relationships. 


When resistance and reactance are both present in a cir- 
cuit, the phase shift is always less than 90°. Just how 
much less depends upon the ratio of resistance and react- 
ance; in our example the two were equal so the phase shift 
was cut in half. 


This combination of reactance and resistance in the same 
circuit is what's known as "impedance." Actually, “im- 
pedance" is the only thing you can have in an actual circuit. 
Pure resistance, like pure reactance, exists only in theory. 


And even in theory, both pure resistance and pure react- 
ance are merely special forms of the general idea "imped- 
ance."' The best way to illustrate this is to look at the way 
engineers write down impedances. Two ways are used; both 
have mathematic foundations but the mathisn't important 
tous. One way, based on the way a complex number is: 
written, is to specifiy the impedance as the sum of pure re- 
sistance and pure reactance. If we represent the ohms of 
resistance by A and the ohms of reactance by B, then the 
impedance becomes: 


A +jB ohms. 


The "j" is from mathematics and indicates that the ''B" is a 
reactance with 90 phase shift. The ''jB'' term may be either 
positive or negative depending upon the type of reactance in- 
volved. The other way is to write the absolute impedance 
value and phase shift: 


Z/@° ohms 


To use this way, ''Z'' mustbe calculated and so must.®; we'll 
stick with the ''A plus jB" method the rest of the way. 
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voltages across the resistor and capacitor. 


To calculate the impedance of a series circuit made up of 
several impedances (any of which may be "pure" resistances 
or reactances) all we have to do is total up the A values of 
each separately, do the same for the "jB' values, and write 
down the result. 

For example, let's attack that study-list question about the 
100-ohm resistor, capacitor, and inductor. First, let's 
describe the impedance of each of these elements separately. 
The resistor would be 100 plus or minus j0 ohms since it 
theoretically has no reactance. The capacitor would be 0 - 
j100 ohms since it's all reactance, and capacitive. And the 
inductor would be 0-j100 ohms since it too is all reactance, 
but positive. The total series impedance than is (100 plus 
0-0) for the A side, plus (0-100 plus 100) or (0) for the 
B side, and we find quite directly that the effective circuit 
impedance is only 100 ohms resistive-or 100 within j0 ohms. 

Notice that the two reactances, being equal, have cancelled 
each other out just as before. But now we have 10 amps 
flowing through the circuit, so that the voltage developed 
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across the capacitor will be 10 times 100 or 1000 volts RMS 
90° behind the current, and that across the inductor will also 
be1000volts RMS but 90° ahead of the current, 

From the standpoint of the 10-volt power source, neither 
of these kilovolt levels exists. However, if we tap off just 
the voltage across either the coil or the capacitor—just the 
same way we would measure it with a meter—and feed it in- 
to an amplifier, we will actually get this 100-to-1 voltage 
stepup. What's more, since reactance depends upon fre- 
quency, there's only one frequency at which any coil-capaci- 
tor pair has identical reactance. This frequency is known 
as the "reasonant'' frequency of the combination, and is the 
basis for all our tuned circuits. 

We've already seen that any actual circuit must have both 
resistance and reactance; this means that we can never quit 
reach the ideal theoretical conditions we've been examing 
here. 

For example, the FCC question used values of 100 ohms 
for both resistance and reactance; the Q of this circuit is 
100/100, or1. Our modified version, through, had 100 ohms 
reactance and only one ohm resistance, for a ratio of 100/1 
or aQ@ of 100. Thehigher the Q of a reactive element, the 
more energy is will store. This is not always an advantage. 

When inductors are connected in series, their effects add 
up just as dothose of resistors. In parallel, the effects are 
true only if the various inductors involved are not coupled 
to eachother in any way; if they are, some transformer ac- 
tion gets into the picture and modifies the effects in an un- 
predictable manner. 

Capacitors, on the other hand, behave oppositely, which 
we might excpect since in all other respects they act as oppo- 
sites toinductors. When capacitors are comected in parallel, 
their effects add up; in series, the effects are split. 

To determine the impedance of a string of parallel-con- 
nected inductors or series-connected capacitors, then, you 
can simply figure up the effective inductance or capacitance 
by the parallel-resistor rule. Then plug this single value 
into the reactance formula to determine the effective react- 
ance of the group. 
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AC, 184 

AC feedback, 50 

Accuracy, voltmeter, 169 

AGC, superhet receiver, 99 

AGC, SSB receiver, 45 

AM modulation index, 136 

Amplifier neutralization, 60 

Amplifier 'products,'' 117 

Amplifiers, 112 

Amplitude, AC, 50 

Antenna, 13 

Antenna-matching networks, 84 

Antenna-transmission line 
matching, 84 

Antenna tuner, 66 

Antenna types, 89 

Armstrong oscillator, 69 

Atmosphere, 21 

Audio, 30 

Automatic gain control, 99 

Automatic load control SSB 
transmitter, 43 

Average input power, 129 
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Backwave, 64 

Balance, bridge, 160 
Balanced modulator, SSB, 38 
Bandwidth, SSB, 41 

BFO, SSB, 33 

Bridge measurements, 160 
Bridge rectifier, 147 
Buckshot, 35 

Bypass capacitor, 122 


Cc 
Capacitive reactance, 186 
Capture effect, FM, 137 
Clapp oscillator, 70 
Class A amplifiers, 42, 112 
Class AB amplifiers, 113 
Class AB1 amplifier, 42 
Class B amplifier, 42, 113 
Class C amplifier, 42 
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Clipper, noise, 107 

Colpitts oscillator, 70 
Common-base circuits, 179 
Common-collector circuit, 181 
Common-emitter circuit, 181 
Controlled feedback, 51 
Critical frequency, 25 
"Criterion of oscillation," 56 
Cross-modulation, 123 
Crystal filter, 102 

Crystal oscillator, 70 

Crystal receiver, 93 

Current, transmission line, 80 
CW, AGC, 106 

CW transmitter keying, 62 


D 
db, 86 
DC, 184 
Decibel, 86 
Decoupling, 122 
Detector, SSB, 45 
Detector, superhet receiver, 105 
Difference products, 118 
Dipole antenna, 66, 84 
Directional coupler, SWR, 78 
Dissipation, transmitter output, 130 
Distortion, amplifier, 115 
Distortion, RF amplifier, 142 
Distortion, SSB, 35 
D layer, 21 
Double conversion, superhet 
receiver. 97 
Drive adjustment, 141 
DX sez 5 


E layer, 21 

Electric field, 7 
Electron-coupled oscillator, 70 
Even-order harmonics, 118 
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Feedback, 48 
Feedback network, oscillator, 67 
F layer, 21 


Filter, power supply, 146 
Filters, 100 

Filter, SSB, 39 

First-order products, 117 
Fixed-frequency oscillators, 68 
FM, 135 

FM modulation index, 136 

Folded dipole, 84 

Franklin oscillator, 71 
Frequency control, oscillator, 67 
Frequency deviation, FM, 136 
Frequency measurement, 164 
Frequency modulation, 135 
Frequency multiplier, 66 
Frequency, radio wave, 13 
Frequency swing, FM, 136 
Front end, superhet receiver, 95 
Full-wave clipper, 109 
Full-wave rectifier, 146 
Fundamental frequency, 66 
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Gain vs feedback, 53 
Ground loops, 122 
Groundwave, 19 
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Half-wave clipper, 109 
Half-wave dipole, 13, 84 
Half-wave rectifier, 146 
Harmonics, 65 

Hartley oscillator, 70 
High SWR, 79 


Horizontally-polarized waves, 10, 19 


IF, superhet receiver, 94 
Image response, superhet 
receivers, 96 
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Indicated average input 
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Inductive reactance, 186 
In-phase feedback, 52 

Input power, transmitter, 129 
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Ionosphere, 19 
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Kelvin-Varley potentiometer, 160 
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Key clicks, 62 
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LC filter, 101 

Limiter, noise, 106 
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Magnetic field, 7 

Magnetic storms, 27 

Matching, antenna and feedline, 84 
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Maximum usable frequency, 25 
Measurement standards, 157 
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Mixer, superhet receiver, 95 
Mixing circuits, 117 
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Modulation index, 136 
Modulation monitor, 165 
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Multi-band antennas, 84 
Multiplier, frequency, 66 
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Narrow-band FM, 136 
Negative feedback, 52 
Neutralization, 57 
Noise limiter, 106 
Nonlinear amplifier, 117 
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Ohm, 157 

Oscillator, 56 

Oscillator parasitics, 59 
Oscillator, superhet receiver, 98 
Oscilloscope, 162 

Out-of-phase feedback, 52 

Output power, transmitter, 128 
Overmodulation, FM, 136 
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Parasitics, 57 
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Peak power capability, 130 Sound waves, 30 

Peak voltage, AC, 184 Space waves, 19 
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Polarization, radio Standards, 175 

wave, 10 Standing-wave ratio, 74 

Positive feedback, 52 Static fields, 9 

Power output, 151 Stub match, antenna, 84 

Power supplies, 144 Sunspot, 27 
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Reactance, 185 Transformers, IF, 100 
Receiver, SSB, 44 Transmission line-antenna 
Receiving antenna, 17 matching, 84 
Rectifiers, 145 Transmitter output power, 128 
Reflected waves, transmission Transmitter, SSB, 41 
line, 7% Transistor operation, 177 
Reflection coefficient, SWR, 78 TRE receiver, 94 
Reflection, ionosphere, 23 Tuned -plate tuned-grid 
Regeneration, 53 oscillator, 69 
Regenerative receiver, 93 Tuning, RF, 138 
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Sideband, 31 
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